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In this work, the production and perception of noise from technical
equipment is presented. As a case study, the noise of switched reluctance
machines (SRM) was used. The principle of operation of SRM is presented
as well as the characterization of some noise problems of electrical machi-
nes.
The measurement results from the motor surface vibration and the directi-
vity of the radiated sound from the machine are discussed and some noise
optimized control strategy for a SRM are shown, with an example of what is
achievable and which are the limits of such strategy.
The concepts of tonalness and consonance are defined and some theories
behind them are described. The results of exhaustive psychoacoustic liste-
ning tests about the perceptual characteristics of the noise of a technical
source are presented, analyzed and discussed.
The main conclusions of the listening tests are:
One important component of the perceived annoyance of
technical sounds is the tonalness.
Different tonalness calculation algorithms are in agreement
with the results from the listening tests.
The consonance/dissonance of technical sounds depends on
several parameters, i.e. roughness and frequency ratio.
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Abstract
In this work, the production and perception of noise from technical equipment is
presented. As a case study, the noise of switched reluctance machines (SRM) was
used.
The first chapter of this dissertation is the introduction and refers to the noise
problem, specially of technical origin. Therefore several psychoacoustic magnitudes
and parameters that are widely used for describing sounds are presented, followed by
some ideas about noise perception. The concept and applications of sound quality of
a product are shown as well as the importance of the information that a sound (or
noise) can give to the user of that product (e.g. a machine). Then, some theories
and measurement methods on human perception and psychophysics are introduced.
Finally the concepts of tonalness and consonance of sound are briefly presented.
In the second chapter, the principle of operation of SRM is presented and its
torque production is derived. Chapter 3 presents some noise problems of electrical
machines. The vibroacoustic consequences of the radial forces acting on the stator
teeth is a typical SRM problem. In the fourth chapter the vibration characteristic of
the machine is described. A simple analytic model (using two quadrupoles) serves as a
first approximation. Afterwards the results of the numerical simulation (FEM-BEM)
are presented and compared with the measured data. The constructed eddy-current
test bench as well as the multi-channel measurement equipment is presented. The
results from the motor housing vibration shows that the vibration behavior of the
machine can be described by two mode 2 vibrations. The directivity of the radiated
sound from the machine is also presented.
In the fifth chapter, the results from a noise optimized control strategy for a SRM
are shown, with an example of what is achievable and which are the limits of such
strategy.
The concepts of tonalness and consonance and some theories behind them are
presented in chapter 6. Then, the results of the psychoacoustic listening tests are
presented. The listening tests were performed to obtain quantitative information
about the perceptual characteristics of the noise. Each listening test is presented
individually, as well as the statistic evaluation and analysis of it. The stimuli used
were recordings of machine noise or synthesized sounds, based on machine recordings.
The main conclusions of this work are:
vi
• For the measured 8/6 SRM, the most important vibration problem is a cylin-
drical mode 2 vibration. The eigenfrequency of this mode is in the frequency
range where the hearing system is most sensitive and the radial force excites
mainly this mode.
• One important component of the perceived annoyance of technical sounds is the
tonalness.
• The comparison of different tonalness calculation algorithms showed that Aures’
had a high agreement with the results from the listening tests.
• The consonance/dissonance of technical sounds depends on several parameters.
Roughness is probably the most important, which is highly dependent on the
frequency ratio between tonal components.
• Using two different evaluation methods for the listening tests (magnitude esti-
mation and category partition) gave the same results for the consonance listen-
ing test.
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Zusammenfassung
In dieser Arbeit wird das Thema der Geräuschentstehung und -wahrnehmung von
technischen Geräuschen bearbeitet. Als Fallbeispiel dient die Geschaltete Reluktanz-
maschine.
Die Arbeit beginnt mit einer Einführung in die Geräuschproblematik. Es folgt ein
Teil über Psychoakustik, in dem die wichtigen psychoakustischen Größen vorgestellt
und definiert werden. Danach wird kurz das Problem unterschiedlicher Wahrnehmung
und Beurteilung von Geräuschen besprochen, sowie das Konzept der Geräuschqualität
und dessen Anwendungen (Sound Quality) präsentiert. Danach werden Messtheorien
und -methoden vorgestellt, die hauptsächlich aus der (Wahrnehmungs-) Psychologie
und Psychophysik stammen und u.a. für die Durchführung der Hörversuche benötigt
werden. Am Schluss dieses Kapitels werden die Begriffe Tonhaltigkeit und Konsonanz
vorgestellt, welche dann in Kapitel 6 detailliert diskutiert werden.
Im zweiten Kapitel wird auf die Funktionsweise der Geschalteten
Reluktanzmaschine (GRM) eingegangen und dessen Drehmomententstehung
abgeleitet. Kapitel 2 stellt gängige Geräuschprobleme vor, die sowohl bei GRM
wie auch bei anderen Antrieben vorkommen. Die akustischen Folgen der radialen
Kräfte auf die Statorschwingung werden dargestellt, welche vor allem bei GRM ein
Problem darstellen. Im vierten Kapitel wird das Vibrations- und Abstrahlverhalten
der Maschine vorgestellt. Ein sehr einfaches analytisches Modell (Quadrupol)
dient hier als erste näherungsweise Beschreibung des Systems. Die Ergebnisse aus
numerischen Berechnungen (FEM - BEM) werden diskutiert und mit Messungen
verglichen. Der für die Messungen entwickelte Wirbelstrom-Prüfstand, sowie der
Mehrkanal-Messaufbau, werden beschrieben und das Abstrahlverhalten der Maschine
dargestellt.
Kapitel 5 zeigt die Ergebnisse aus einer psychoakustisch optimierten Steuerungs-
strategie für GRM, wobei auch die Grenzen dieses Verfahrens erläutert werden.
Die psychoakustischen Größen Tonhaltigkeit und Konsonanz, die vor allem für die
Hörversuche, die im Rahmen dieser Arbeit durchgeführt wurden, von großer Bedeu-
tung sind werden in Kapitel 6 vorgestellt.
Die Ergebnisse der durchgeführten Hörversuche werden abschließend in Kapitel 7
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präsentiert. Durch Hörversuche können die wahrgenommenen akustischen Eigenschaf-
ten von Geräuschen erfasst werden. Jeder durchgeführte Hörversuch wird einzeln vor-
gestellt, zusammen mit den Ergebnissen der statistischen Auswertung und Analyse.
Als Stimuli dienten Geräusche die direkt aus Tonaufnahmen von GRM stammen oder,
angelehnt an Aufnahmen von elektrischen Maschinen, speziell erzeugt wurden.
Die wesentlichen Ergebnisse dieser Arbeit sind:
• Für die betrachtete 8/6 GRM ist die wichtigste Schwingungsform die
zylindrische Mode-2 Schwingung. Die Eigenfrequenz dieser Mode befindet sich
in einem Bereich, bei dem das Gehör am empfindlichsten ist.
• Die Lästigkeit von technischen Geräuschen ist deutlich Abhängigkeit von der
Tonhaltigkeit.
• Der Vergleich von unterschiedlichen Tonhaltigkeitsalgorithmen zeigte, dass die
von Aures vorgeschlagene Methode sehr gut mit den Ergebnissen aus den Hör-
versuchen übereinstimmt.
• Die Konsonanz/Dissonanz von technischen Geräuschen hängt von mehreren Pa-
rametern ab. Sehr wichtig ist dabei das Frequenzverhältnis zwischen den tonalen
Komponenten (und die daraus entstehende Rauigkeit) wie auch der Pegel an-
derer Geräusch- bzw. Rauschanteile.
• Der erwartete Unterschied zwischen zwei unterschiedlichen Messmethoden, die
bei den Hörversuchen eingesetzt wurden, kam nicht zum Vorschein: die Größen-
schätzung und die Kategorienunterteilung ergaben ein sehr ähnliches Ergebnis.
ix
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Chapter 1
Introduction
First of all some aspects of the noise problem are presented in this chapter, followed
by a section defining psychoacoustics and presenting some well known psychoacoustic
parameters. The last section will provide an example of how the psychoacoustical
principles can be applied to characterize or even design consumer goods and products.
1.1 Noise
Noise is an unwanted, unpleasant or even unacceptable sound. Everyone has been
exposed to noise at some point and everyone also knows that noise is present in many
situations and that it cannot be avoided. Very often it is also a problem that is
difficult to solve: one person considers a sound to be a noise, while others call it
music.
On which grounds sound is classified as noise (i.e. level and duration of a sound)?
This complexity of the noise problem is one of the reasons why there is a need to de-
scribe of what noise actually is. But this is also not easy. For example, contradictory
definitions of community noise (which is a type of noise) can be found in the rele-
vant literature: in the introduction of the Guidelines for Community Noise [BLS99]
published by the World Health Organization (WHO), it is defined as follows:
“Community noise (also called environmental noise, residential noise, or
domestic noise) is defined as noise emitted from all sources, except noise
at the industrial workplace.”
On the other hand, Berger writes in the chapter Community Noise in The Noise
Manual [Ber00]: “However, this chapter will focus on sources the industrial hygienist
can control, namely industrial noise.”.
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Most countries have also standards that define the general conditions under which
noise is acceptable up to the conditions that can have negative repercussions for the
health.
The Guidelines for Community Noise mention several repercussion of noise: hear-
ing impairment, problems in speech, communication, physiological function and per-
formance as well as sleep disturbance and mental illness, etc. Everyone would prob-
ably agree that these effects and repercussions of noise on health are a real problem.
However, the situation is especially difficult if psychological and health problems are
not directly related to noise where concepts such as annoyance, disturbance and nui-
sance are used.
1.2 Psychoacoustics
When dealing with a noise problem, the most important goal for an engineer still
is usually to reduce the intensity of sound [Har91]. This means, in a simple term,
that the question of how to reduce the energy of the sound reaching the affected
listener needs to be addressed. However, since our hearing system is a very elaborate
structure, solving such a problem can be more complex and challenging than originally
assumed. Here the psychoacoustics plays an important role.
Psychoacoustics is, as the name suggests, a theme that covers both, psychology
and acoustics. It involves psychology because it deals with perceptions and sensations,
as it will be presented in section 1.4, and with acoustics because the stimuli1 are sound
and noise. In other words: it deals with the complex interconnection between sound
and the listener and focuses on questions such as: How do we perceive music? How
do we react when we are exposed to noise? How do we evaluate the quality of sounds?
And the list goes on and on.
Psychoacoustics is a multidisciplinary field which overlaps with research areas such
as music, psychology, physiology, acoustics, engineering and marketing.
Depending on which of these research field are involved, the approach to the
psychoacoustic can be different. Two approaches will be briefly sketched to show this
differences and the complexity of the hearing system. The first approach is based on
the system theory. From this point of view the analysis would work with the question
of what happens to an acoustic signal while it is traveling through the ear (outer,
middle and inner ear) until it reaches the auditory nerve. At this place, the signal
is then transformed into neural activity. The system theory would try to reduce the
chain of physical, physiological and psychological chain of events into a connection of
1Stimulus: is the object used to excite (stimulate) some sense. In psychoacoustics the stimuli are
mostly sounds.
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several different (linear and nonlinear) black boxes, which do equivalent functions as
the complete auditory system.
The second approach is based on a perceptual point of view as it is known by
psychologist in the area of psychometrics. Here the listener is “reduced” to be a
measurement instrument within a very particular situation, namely that he or she is
also the measured object. However, this will not be a problem if measurements and
evaluations are carried out carefully.
1.2.1 History
One of the first important researcher who dealt with the theory of hearing was Her-
mann von Helmholtz (1821-1894), who published “Die Lehre von den Tonempfindun-
gen als physiologische Grundlage für die Theorie der Musik”2 in 1863 [vH68]. In the
20th century Georg von Békésy (1899-1972) focused on the physiology of the hear-
ing system and was awarded with the Nobel Prize in Physiology or Medicine for his
cochlear research. Eberhard Zwicker worked on loudness and critical band and S.S.
Stevens worked in the field of psychophysics continuing Weber’s and Fechner’s work
(see chapter 1.4) just to mention some researchers and part of their work. During
this period a lot of knowledge was achieved: the just noticeable differences (JND) of
very different aspects of sound: frequency, loudness, threshold of hearing for different
frequencies, duration, spatial issues, bandwidth, etc. or combinations of some of them
were detected and measured.
Nowadays, researchers work more often concentrate on the physiology and neural
activity of the auditory system as well as on attempts to move the experiments out off
the labs to make them more realistic [Plo02], by making them intermodal (more than
one sensation or with more than one sense organ involved) or by adding meaning to
the stimuli, evolving to what in part is covered by the study of sound quality, as it
will be presented in section 1.3.
Several psychoacoustic parameters exists in this field that are used to describe
some qualities and characteristics of noise and sound. They are the characteristics of
sound that were already analyzed and described, among many others, by Helmholtz,
Stevens and Zwicker. Today several of them are standardized and normalized but yet
work remains be done to keep the standards up to date as for example for the loudness
of time-variant sound [DIN08] [DIN05]. In the next section the basic physiological
characteristics of the hearing system will be presented, followed by some well known
psychoacoustical magnitudes.
2On The Sensations Of Tone As A Physiological Basis For The Theory Of Music, Hermann von
Helmholtz.
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1.2.2 Physiology of the auditory system
While taking a look at the physiology of the auditory apparatus it becomes evident
that it is a highly complex system with signal processing attributes that are very
sophisticated. The amazing characteristics of our hearing system can be attributed,
among other things, to the nonlinearities at different levels of the auditory system
and to the fact that human beings have and use two ears. Our hearing system has a
dynamic range of more than 100 dB and a frequency range from approximately 20 Hz
to 20 kHz [ZF99]. A detailed overview of the hearing system and many of its qualities
can be found in [ZF99], [Moo03] and [HE04].
round window
staple
oval window
scala tympani
scala vestibuli
helicotrema
basilar membrane
Figure 1.1: Schematic representation of the cochlea
From an physiological point of view, the auditory system can be divided into three
main parts: the outer, middle and inner ear. The outer ear ranges from the outside
of the ear channel to the eardrum. The middle ear consists basically of three little
bones that transform the acoustic vibration from the eardrum into a vibration at the
inner ear. It serves as a impedance converter since the fluid on the eardrum side is
air while inside the cochlea it is an incompressible liquid. The cochlea is similar to a
wounded tube of about 32 mm length. Figure 1.1 shows a schematic representation of
an unwounded cochlea. The cochlea is divided by two membranes into three channels
covering almost all its length called helicotrema. The staple is the bone connecting
the middle ear with one of these channels by the oval window. Figure 1.1 shows only
two channels: scala vestibuli and scala tympani. The membrane that separates both
channels is the basilar membrane. The organ that is sensitive to sound (vibration) is
distributed over all the length of the basilar membrane.
On the basilar membrane a frequency-place transformation takes place, i.e. sound
waves with high frequency produce a movement of the hair cells in the basilar mem-
brane near the oval window while low frequency components excite the hair cells
near the helicotrema. This behavior (frequency-place transformation) implies that
the basilar membrane acts as several parallel band-pass filter. The bandwidth, and
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consequently the cut-off frequencies of this filter, depends on the central frequency
and is about 11% to 20% of the central frequency. The filters are called critical band
(CB). Zwicker defined a reference scale of 24 critical bands (Bark-scale from z = 0 to
24) with well defined cutoff and center frequencies [ZF99]. Furthermore Moore and
Glasberg [Moo03] developed another scale which they called equivalent rectangular
bandwidth scale (ERB).
It is important to state clearly that CB and ERB are just model representations
of what happens in the hearing system.
1.2.3 Psychoacoustic magnitudes
Psychoacoustic magnitudes3 are quantities that characterize the sound or noise, in
terms of their loudness, roughness, sharpness or tonality. They make it possible to
describe sound in a multidimensional way. There are also some parametric models
that allow calculating these quantities for most of them. These models provide values
that are equivalent to the answer a listener would give if he or she would be asked to
describe these characteristics.
Loudness
The most common magnitude for the intensity of sound in acoustics is the sound
pressure level (SPL). It is the logarithm of the sound pressure that can be measured
easily with a microphone.
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Figure 1.2: A-Filter for correction of sound pressure levels
3Often the psychoacoustic magnitudes are also called psychoacoustic parameters or elementary
auditory sensations.
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Figure 1.3: Schematic representation of the simultaneous masking effect. A tone or narrow
band noise (green) masks a second tone (blue) so that it is not audible if it is bellow
the green dotted lines. If the masker is removed, the tone would be audible without
problem. The frequency range that is masked, is smaller for frequencies below the
masker. The masked area is dependent on frequency and level of the masker
Since the human hearing system does not have a constant sensitivity for every
frequency, a frequency dependent correction is often applied to the SPL. This cor-
rection takes the variable sensitivity of the hearing system into account (highest at
about 3 kHz and much lower at low and high frequencies). This correction filter is
called A-weighting and is shown in figure 1.2.
However, there are more nonlinear characteristics of the auditory system that
have an influence on the perceived sound intensity which are also important for the
perception of consonance, dissonance and roughness.
The critical band is of great importance for the perceived loudness as it is the basic
parameter that makes it possible to model the loudness of a sound. In short: for a
given amount of energy (SPL), the perceived loudness will be higher if the energy is
distributed in a range wider than one critical band.
Inside a CB also masking process occurs, when a signal component (for example a
tone) is not heard, because a narrow band noise (masker) is present at a neighboring
frequency (inside the same CB). This is presented schematically in figure 1.3. For a
complete presentation on masking effects and on getting the critical bands refer to
[Moo03][ZF99].
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Pitch
Changing the frequency of a tone results in a change in the pitch that can be heard.
The frequency is proportional to the pitch, but it is directly proportional only in a
low to medium frequency range. For frequencies higher than about 1 kHz, doubling
the frequency of a tone, does not produce a pitch that is twice as high as the original
one. The pitch also depends on loudness and other factors such as the type of sound,
number of harmonics, frequency, etc., but this dependence is rather small [ZF99]
[Ter98]. First of all it can be said that as far as sounds consisting of several tones in a
harmonic series are concerned (as it occurs, for example, in most musical instruments),
the pitch is defined by the frequency of the fundamental, this is, the lowest component.
But this is only a very simple approximation. For a detailed analysis and a model of
pitch and virtual pitch see [Ter98][Moo03].
Roughness
If a 1 kHz tone is modulated in its amplitude, three different sensations will be pro-
duced, depending on the modulation frequency. For very low modulation frequencies
a change in loudness will be perceived which is called fluctuation strength. As the
modulation frequency increases and the sensation of roughness will appear at about
15 Hz, while the fluctuation strength disappears, reaching a maximum when the mod-
ulation frequency is about 70 Hz. For higher modulation frequencies three individual
tones (carrier and two sidebands) are heard [ZF99].
Sharpness
Critical band rate (z)
g(
z)
0 5 10 15 20
0
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1
Figure 1.4: Weighting factor for the calculation of the sharpness [Aur85a]
Sharpness is a sensation perceived when a sound or noise has high frequency
components. Aures proposes a formula to calculate sharpness based on the specific
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loudness4 of the sound [Aur85a]. It considers a weighting factor g(z) for higher
frequencies as shown in figure 1.4. Sharpness can be calculated as:
S = c
∫ 24
0 N
′(z)· g(z) dz∫ 24
0 N
′(z) dz
= c
∫ 24
0 N
′(z)· g(z) dz
N
. (1.1)
1.2.4 Complex psychoacoustic descriptors
The characteristics of perceived sound are often complex and that is why only one
parameter (loudness or roughness or sharpness) is not sufficient to describe the sound
adequately.
Two examples of more complex sound descriptors are the timbre of a sound that
is often used to describe the sound of music instruments, and the sensory euphony, a
combination of four “basic” psychoacoustical parameters.
Timbre
The most basic or common attribute of a sound is its timbre. The German term for
timbre is “Klangfarbe”, which means the color of a sound or tone, but to interpret it
just as a color would be to oversimplify it.
Timbre is used for sounds, not for noise, mostly in music. As presented by Risset
and Wessel in [Deu99], it refers to the quality of sound. As for noise, it is not an
easy task to define timbre: the definition given by the American National Standards
Institute (ANSI) in 1960 is a definition of what timbre is not
“Timbre is that attribute of auditory sensation in terms of which a lis-
tener can judge that two sounds similarly presented and having the same
loudness and pitch are dissimilar.” (in [Deu99])
Of course, timbre is multidimensional, unlike pitch or loudness. A first approach
to explain what defines the timbre of a sound (for example of a musical instrument)
would be to analyze the spectral distribution, a spectral fingerprint. Plomp and
colleagues showed that the perceptual differences between sounds are related to the
differences in the spectra, analyzed in 1/3 octave bands [Moo03]. This bandwidth is
similar to the critical band or ERB (section 1.2.3).
Timbre does not only depend on the spectral distribution of a sound, but on the
temporal pattern. The onset and offset and the modulation of sounds play an impor-
tant role for musical instruments and speech. The information needed to recognize the
4Specific loudnessN ′(z): is the loudness in each critical band z. The total loudnessN is calculated
summing up the specific loudness for all critical bands N =
∫
24Bark
z=0
N ′(z) dz.
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sound of an instrument is not only defined by its spectrum, but also by the way the
sound builds up as well as by the its fluctuation (frequency and amplitude). This is
very obvious for instruments that have a percussive character [Moo03][Deu99][Sap01].
Sensory Euphony
Sensory euphony is a sensation that comprises more than one perceptual dimension
and was proposed by Aures [Aur85b][Aur85a]. Four elementary auditory sensations
are combined into one sensation. In other words, this approach deals with the multidi-
mensional characteristics of the sound and tries to project them in an unidimensional
space.
The German term for euphony used in his publication (written in German) is
“Wohlklang”, which literally means good sounding. It is clear that, in contrast to
timbre, euphony has a quality value and that a high degree of euphony is positive
and good.
Aures presented a formula based on four parameters, namely roughness, loudness,
sharpness and tonalness. Calculations using this formula reflect and represents the
perceived sensory euphony perceived by listeners. This data was obtained from lis-
tening tests for several synthetic and natural sounds. Therefore different listening
tests were carried out that aimed to establish a relation between the sensory euphony
and one of each of the parameters.
The correlation coefficient between the answers from the overall listening test
which Aures performed and the calculated sensory euphony was very high, over 90%,
which shows the quality of the model [Aur85b][Aur85a].
In this context it is important to mention that the term “Klang”, which is a part
of “Wohlklang” has a tonal connotation, because the results from Aures’ experiments
are in contradiction to the results from the listening tests that were carried out with
the sound produced by a SRM (see section 5).
1.3 Noise Perception and Product Sound Quality
As presented before, one important part of a noise problem is the perceived loudness.
In most of these cases, engineers try to reduce the sound pressure level. This applies
to many applications. However, nowadays the situation in many design, production
and research areas differs tremendously. In the words of Richard H. Lyon, former
president of the Acoustic Society of America, who also worked in product sound
quality: “I have spent more than 30 years working with products that are ‘noisy’. But
I learned very quickly that ‘noisy’ might not equate with loud” [Lyo03].
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Psychoacoustical parameters, some of whom were presented in the preceding sec-
tions, can be used to characterize a sound. Furthermore they enable scientists and
engineers to define the quality of the product (sound). The noise of a product can
be, for instance, very rough but this does not necessarily imply that the product
sound is good or bad. Another step is to find more than one parameter for the sound
and combine them together with different weighting factors to describe the character
of the sound more precisely. This is done for example for the sensory euphony (see
section 1.2.4). As it will be presented later, the term euphony has a positive quality
value. It is, however, more or less impossible to find a sound quality parameter that
could be useful for any (product) sound. “Sound quality is the response of people,
not a meter. It is specific to a product” [Lyo03].
The original definition of sensory euphony is widely discussed. The controversy
surrounding this definition is presented in this dissertation as well. The results of a
listening test showed that the weighting factors of the single parameter did not fit
the data but a modified function did (see section 5) [Sch07].
1.3.1 Sound quality
The results of sound quality studies are used not only in consumer goods evaluation
and production, but also focus on urban noise, industrial noise, noise at the workplace
and health problems. In the case when it is used for marketing and product design
it is often referred to as sound design [Kle05][BLS99][WW82][Zei02]. In this context,
sound quality was defined by Blauert and Bodden as the suitability of a sound for a
special (technical) purpose [BB94][Gus97]. For some products, this is not an issue,
for others the noise level should be low and others are “tuned” so that they have a
distinctive sound. The term quality is used because the sound object is analyzed and
assessed by the brain in terms of its quality or value.
In other words, the psychoacoustical parameters presented before can characterize
a sound but does not give any information about the quality of it.
1.3.2 Relation between noise in technical sounds and users
In many situations the receiver of sound or noise is also the user of the noise
source[Bed99]. This applies, for instance, to people driving cars, using vacuum clean-
ers or listening to music in their living room. To study this phenomenon, it might be
helpful to take a closer look at a product with a motor, which can serve as an exam-
ple. Having a motor, it is obvious that it produces a more or less inevitable amount
of noise. The characteristics of the perceived sound could probably be changed if
the production engineers in charge would alter the design just as other features of
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the product (color, material, etc.) can be changed. The sound or noise is just an-
other aspect that has to be included into the product characteristics that influences
the quality of the product that is eventually assessed by the end user. Examples of
industries with this kind of products are the automotive industry or companies pro-
ducing household appliances, computer equipment, power tools and railed vehicles
[Zei02][Kle05].
In case there is a range in which it is possible to modify some aspects of the
noise produced or radiated, the complex question will be: which is the objective
function that needs to be optimized. There is probably more than one right answer
to this question. Some consumers/users might be of the opinion that there is maybe
more than one aspect that can be optimized. Moreover the preferences of different
consumers can differ as well: should the noise of a vacuum cleaner be powerful enough,
so that the user hears that “it is working properly”? Or maybe a vacuum cleaner
should be just noiseless?
Most sounds (and as a consequence also noise) carries information and has a
meaning, it is not neutral to the listener. The listener can have previous experience
(positive for some, negative for others) with a sound [BP04].
When it comes to music, it is obvious that acoustics and psychoacoustics play
an important role. Music is composed for the human ear and hearing system. In
industrial settings the situation is, however, different. Mostly sound is called noise,
implying a negative connotation, particularly for consumer products. Noise should
be avoided or at least managed and reduced. There are health and working standards
concerning noise levels that should not be exceeded because it could be harmful or
even dangerous. But on the other hand noise can be and is used in the field of product
design[Lyo03]. In this context the automotive industry is probably the industry where
most efforts are made to optimize the sound and noise levels to match the product
design. Most conferences that focus on acoustics include sessions dealing with tire-
road noise problems and general noise caused by cars. Some examples of recent
studies in this field of research deal with: noise comfort in a bus [PHSK03], noise of
a delivery truck [GPN06] and electrical seat adjusters [SZW09], only to name a few.
In the preceding sections different aspects were presented, which have to be con-
sidered when dealing with a noise situation or problem.
The noise problem is highly complicated and needs to be analyzed carefully from
different points of view. It cannot be answered by reducing it to a single value, for
example in dB. Advantages and disadvantages, costs, physiological (health) and
psychological (acceptance, cultural and social background) aspects, etc. have to be
considered in order to find a solution.
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1.4 Psychophysics and Perception
The content of this section is applicable almost without restriction to any sensation
modality: tactile, taste, vision, smell or auditory, but the focus will be put on the
applications in psychoacoustics as they were used in the chapter 7 for the design and
analysis of the listening tests.
In the preceding section the concept of sound quality was presented and it was
mentioned, that sound quality relates to a value judgment of an acoustic object (i.e.
product, room, urban location) and its sound characteristics (i.e. loudness, warmth,
annoyance, information given by the sound).
The topic of this section focuses on a lower level of information processing in
the brain which is closely related to perception: before a judgment on the quality
of a sensation (e.g. acoustic sensation) can be given by an observer (listener), some
analysis and processing is done in the brain (and hearing system).
From this point of view, the human hearing system can be roughly divided into
two parts: first the auditory system and second a post processing unit (neural and
cognitive) which is located in the brain.
1.4.1 Psychophysics
Psychophysics is, by definition, the scientific study of the relation between stimu-
lus and sensations or stimulus magnitude and sensation magnitude [Ges97] [Ges88]
[HE04].
Several measurement methods are available in psychophysics, used for different
purposes, that can be grouped in two main categories:
1. Limit, threshold or JND (just noticeable differences) measurementS. Here, in-
direct scaling methods are used.
2. Measurement of sensory attributes by using direct or indirect scaling methods.
In the next section, several basic concepts and ideas will be presented about the
questions of what and how things can be measured with psychophysics.
1.4.2 Scaling
If measurement experiments are carried out in psychophysics, different psychophysical
scales can be used. It may, for instance, be interesting to know at which level (physical
level) a stimulus can be detected by a person. Or which might be the smallest
difference (variation) between two stimuli which can be discriminated or identified
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Table 1.1: Scales of measurement
Scale Operations
performed
Permissible transfor-
mations
Some appropriate
statistics
Examples
Nominal Identify and
classify
Substitution of any
number for any other
number
Number of cases,
mode
Gender classification,
naming of objects
Ordinal Rank order,
preferences
Any change that pre-
serves the order
Median, percentile,
rank-order correla-
tion
Preference or rank
lists, hardness of
minerals
Interval Find dis-
tances or
differences
Addition of a constant
or multiplication by a
constant
Mean, standard
deviation, product
moment correlation
Temperature Celcius
and Farenheit
Ratio Find ratios,
fractions or
multiples
Only multiplication
by a constant
Geometric Mean,
percent variability
Temperature Kelvin,
length, Loudness in
sone, duration
as being different. This discrimination tasks are called indirect scaling in contrast
to direct scaling where a person directly provides quantitative information about the
stimulus.
Depending on the experiments that are carried out and their results, there are
different aspects that can be measured and deduced from an experiment. This leads
to the different scales shown in table 1.1. There are also combinations of both scaling
methods and there are more scaling methods in psychometrics [Zei02].
Indirect scaling
The findings of Ernst Heinrich Weber that were published in 1834, were a milestone
in the field of psychophysics, as he was able to provide an answer to an important
question, namely the question of how to use difference thresholds: “When one extra
unit is needed to detect (perceive) a difference in weight of a 30 units weight. What
will be the difference needed to detect a change when 50 units are used?” He found
out that the difference in stimulus intensity needed to perceive a change is larger
when the stimulus is large and that it is a constant fraction c of the stimulus. The
amount of change in a stimulus ∆φ required to produce a just noticeable difference
(JND) can thus be defined as:
∆φ = c·φ or
∆φ
φ
= c. (1.2)
This equation is known as Weber’s law, c ≈ 1/30 for weights placed on the skin,
for example.
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Later, it became evident that Weber’s law is not valid for small stimulus intensities
and that a better relation is:
∆φ = c(φ+ a) or
∆φ
φ+ a
= c. (1.3)
The constant a is used to find a relation that fits the empirical data better. The
fact that adding this constant is required, can be put down to the amount of sensory
noise, a kind of background noise, which also helps to explain the concept of absolute
and difference thresholds. These thresholds are called, as we have seen, just noticeable
differences (JND).
In 1860 Gustav Fechner developed some ideas about psychophysics, which later
on turned out to be very similar to Weber’s law ([Fec60] cited in [Ges97]). He related
the variations in the physical stimulus dimension to the sensations dimensions. He
stated that all JNDs caused equal psychological increments in sensations magnitude,
regardless of the size of the stimulus. In other words, the ∆φWeber found, generates
a constant ∆ψ, as can be seen in Figure 1.5. ∆φ is the amount of change needed on
the stimulus to perceive a change and this change in sensation is an increases ∆ψ of
constant size : ∆ψ = k∆φ
φ
. Finally this can also be written as logarithmic law:
ψ = k log(φ). (1.4)
where k is a constant which is different for different sensory dimensions.
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Figure 1.5: Example of a relation ψ = f1(φ) between sensation magnitude and the inten-
sity of the stimulus [Ges97]. f1 is called the psychophysical law as described in figure
1.6
The work of Weber and Fechner focused mainly on measuring the sensitivity of
the sensory system (and its equivalence to the sensitivity of a technical measuring
instrument). A quantitative analysis has to be carried out to describe the sensitivity
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of the sensory system. This quantitative measurement, however, can only be done
at the input stage of the system5, as the stimulus φ is presented to the person at
this stage. The output stage can only be observed, but not measured. This depends
also on “whether” a change was noticed at all. In other words: a change is only
quantificable if this change in the stimulus is big enough to be noticed or perceived
(JND).
Stevens (1953) proposed a new relation between sensation and stimulus intensity
for prothetic continua. He demonstrated that this law applies to many different
prothetic continua (loudness, vibration on a finger, brightness of a flash, taste, smell,
etc.). The sensation magnitude ψ increases as a power function. This power law is:
ψ = kφβ (1.5)
k is a factor that depends on the units used. The exponent β varies for different
continua. βloud = 0.67 for loudness. The exponent is larger than 1 for other continua.
This is one of the differences to Fechner’s law, which only gives exponents lower
than 1. Stevens’ work and his findings were used for many applications, and it pro-
vides researchers with important tools for measurements and scaling in experimental
psychology [Ste00][Ste62].
Direct scaling
A more direct method of measurement will be presented here. Therefore an extension
of the notation used before is needed as ψ (see equation 1.4) cannot be measured
directly. It is, however, possible to measure the response (R) of someone to a sensation
ψ produced by a stimulus φ. So,
R = f3(φ) (1.6)
is the experimental (empirical) result of the measurement. This is illustrated in a
diagram in figure 1.6 by the continuous line: if a stimulus (on the left-hand side of
the figure) is presented to a person, he or she can respond to it (on the right side).
This is, however, a two-step process.
In the first step, the stimulus (φ) evokes a sensation (ψ = f1(φ)) to which a
response R = f2(ψ)) can be given.
The relation between the person’s judgment (response) and the sensation is de-
picted by f2 and it is called response function. The response can be obtained by using
different methods. The response function is a individual function, this means: it is a
little bit different for each person, but the psychophysical law should be only one, for
a given stimulus type.
5System refers to the person and his or her sensory system.
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R = f2(ψ)
Response function
R = f3(φ) = f2(f1(φ))
Stimulus (φ) Sensation (ψ) Response (R)
Psychophysical law
ψ = f1(φ)
Figure 1.6: Complete diagram of relations between psychophysical law, response function
and the empirically determined relation between stimulus and response
Depending on the method, the amount of information that can be obtained during
the experiment will vary, in relation to the different scales listed in table 1.1. In this
work interval and ratio scales will be used most of the time.
Two methods that are used in this work are:
Category Scales: Each stimulus has to be assigned to one of several categories
ranging, for instance, from extremely low, low, medium high, extremely high.
Another possibility would be to use numbers instead. Depending on the given
instructions, the scale, type of stimuli, etc., the paradigm of this method is
different. It is possible that each interval in the scale is equally spaced or that
the response can be an absolute judgment[Hel85].
Magnitude Estimation: In this case a value is assigned to each stimulus. This
value represents the magnitude of the attribute asked for in the instructions.
There are some variations of this method: magnitude production with a refer-
ence stimulus, absolute magnitude estimation, ratio estimation, etc. The output
of these methods results in a ratio scale[Ste00].
This and other methods are presented in detail in [Ges97][Ste00][Six82][HE04].
1.4.3 Prothetic and metathetic continua
Sensations can also be classified into two other groups: prothetic and metathetic
continua.
A perceptual continuum is a space or range of perceptions. For some sensations,
it is only possible to order them on the continua. It is called metathetic continuum
and sensations vary in quality or spatial location and the observer assess “what” kind
1.5. TONALNESS AND CONSONANCE 17
of stimulus he or she perceives and “where it occurs”. Two examples of this type are:
pitch and lateral position.
The prothetic continuum makes it possible to quantify a sensation. It covers a
spectrum ranging from weak to intense and it is called prothetic continuum. Test
subjects have to assess the question of “how much”. This question is also used when
it comes to evaluating loudness, heaviness, brightness, etc. as in the experiments of
Stevens[Ste00].
1.5 Tonalness and Consonance
This thesis is focused on technical sounds with tonal components.
The term tonalness/tonality is used (and defined) in different ways in several pub-
lications and works on standardization so that this can produce confusions. There are
also some difficulties surrounding the translation of the term, mainly into (and from)
German. Aures translates “Klanghaftigkeit” into tonalness in his papers [Aur85b]
[Aur85a]. Parncutt who mainly deals with the topic of harmony and music, defines
tonalness as “the degree to which a sonority evokes the sensation of a single pitched
tone. In short, tonalness is a measure of how "tone-like" or cohesive the sonority
is. Single tones, octave dyads, and major chords have relatively high tonalness val-
ues, whereas half-diminished chords, minor ninth dyads, and bell-like sonorities have
relatively low tonalness values” cited in [Hur91].
On the other hand, the term tonality is used in a similar way. It is used as a
translation of “Tonhaltigkeit” [Sal06]. The German standard for calculating “Ton-
haltigkeit” (DIN 45681)[DIN05] uses this term in its English abstract and describes
it as a noise having tonal components. The software ArtemiS [HEA] uses the term
tonality for both, Aures’ work and for the German standardized method. Fastl [ZF99]
says that tonality is “a feature distinguishing noise versus tone quality of sounds”.
There are also some definitions that associate tonality with how explicit and clear
a pitch is heard. Moore [Moo03] defines a tone as a “sound wave capable of evoking
an auditory sensation having a pitch”. Terhardt [Ter98] explains in German, that the
question of how pronounced the pitch is, provides a basis for the “Klanghaftigkeit”.
He states furthermore that both, “Klanghaftigkeit” and “Ausgeprägtheit der Tonhöhe”
(pronunciation of the pitch) are more or less synonyms. But the latter definitions
cannot be applied to every sound, since there are sounds with many tonal components
(and accordingly with high tonalness or tonality) that do not have a clear pitch (i.e.
a low pitch salience).
In this work the term tonalness will be used in accordance with [VVMS00] as the
general concept for sounds with a tonal character (i.e. a single tone or single sinusoid)
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in opposite to sounds with noisy character (i.e. broad band noise). The term tonality
will be used as one of several methods to calculate tonalness, namely Aures’ and the
German DIN45681 standard.
Another acoustic sensation that can be perceived, for example when several tonal
components are present in a sound, is consonance (or it opposite dissonance). It
depends mainly on the spectral distribution of the tonal components in the noise.
More details on tonalness and consonance are given in chapter 6. These concepts
and definitions are then used for the realization of the listening test (chapter 7), where
the perceived qualities of technical sounds are evaluated (in relation to tonalness and
consonance). After all, there remain open questions related to tonalness of complex
sounds with multi-tones in contrast to the single tone case. This is the focus of
this thesis. The investigation is based mainly on the sound produced by electrical
machines (technical sound source).
The case study was realized on the switched reluctance machine (SRM) because
it combines the feature that it is a technical machine and that the noise produce by
it has been described as very tonal. Both themes are discussed in the following two
chapters: the characteristics as well as some fundamentals of the SRM are presented
in chapter chapter 2, the noise characterization on the SRM in chapter 3
Chapter 2
Switched Reluctance Machines
(SRM)
2.1 Introduction
The basic principle of switched reluctance machines (SRMs) has been known since
the 19th century. However, it was only over the last decades, that it was possible
to develop this principle further due to advancements in micro and power electronics
[Ras02].
Due to its low manufacturing costs and high reliability, SRM are a very interesting
alternative to conventional electrical machines, which are used in commercial products
and for industrial purposes. As it has only windings on the stator, mounted on each
stator pole in form of concentrated coils, the manufacturing costs are relatively low.
Another advantage is its robustness: the machine can still be driven after a failure
of one phase: the other phases are not affected by a failure so that they can still
generate torque.
The nonexistence of windings on the rotor has a high reliability and robustness as
a consequence. It is thus possible to drive SRM at very high speeds. High speed is
a problem for other drives due to high centrifugal forces acting on rotor windings or
magnets. Owing to its high efficiency, the SRM is also an interesting drive and can
be used as a motor for battery-driven applications.
SRMs already find applications in household appliances such as vacuum cleaners
or washing machines, as well as in high-speed applications such as centrifuges. SRMs
are also used for industrial purposes, for example, as drives for industrial wearing
machines.
These are the positive aspects of SRMs. However, the machine has some disad-
vantages as well. The control of an SRM is different in comparison with conventional
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Table 2.1: Some advantages and disadvantages of SRM. See [Ras02] for a detailed
analysis of each point and for advantages and disadvantages of the peripheral
devices.
Advantages Disadvantages
Simple, robust and rough construction Sophisticated control
No magnets Windage losses
No windings in the rotor Double salient structure (noise)
Low moment of inertia of rotor Many wires between motor and inverter
Short end-turns Small slot-fill for pre-wounded coil
Few slots and coils Rotor position measurement is neces-
sary (not always)
Fault tolerant Can be difficult to start
High efficiency Needs an inverter
Brushless Complex design
ac rotating field (induction and synchronous) machines and the noise production can
be a problem in some applications.
Table 2.1 lists some advantages and disadvantages of SRM.
The mode of operation is described in the next section. Afterwards, the noise and
vibration behavior of SRM is described.
2.2 Principle of Operation
Switched reluctance machines are drives that operate thanks to the torque produced
by the reluctance force while most other drives are based on the Lorentz force princi-
ple. Reluctance is the magnetic resistance in a magnetic circuit. The main reluctance
for SRM is caused by the air gap between the rotor and stator teeth. Figure 2.1 shows
a schematic representation of an 8/6 machine. In this case, the 4 stator pole pairs
are driven by 4 electrical phases, one for each pole pair. In this figure, one electric
phase is active (on stator tooth A and A′) generating a current in the coil creating a
magnetic flux through the stator and rotor. If stator and rotor tooth are not aligned,
as depicted in the figure on the left-hand side, the reluctance forces will generate a
torque that will make the rotor turn clockwise until the teeth are aligned and the
reluctance reaches its minimum (figure on the right-hand side). At this moment,
the current of the active phase (AA′) is turned off and the next electrical phase DD′
(which is not in an aligned position at that moment) is turned on in the same manner
as it was done for AA′. After phase DD′ the sequence continues with CC′, BB′ to
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Figure 2.1: Schematic representation of an 8/6 switched reluctance machine. Left: Rotor
is not completely aligned with teeth A and A′. Right: teeth are aligned; reluctance
is at its minimum
start again with AA′.
2.3 Torque in SRM
In the following analysis of the torque production of a SRM, some simplifications are
done: neither magnetic saturation nor cross coupling were taken into account. The
focus was put on what actually happens to one of the four electrical phases: AA′.
The torque for this electrical phase is given by [FKD06][Fie07][FD06]:
τA =
1
2
i2A
dLA(θr)
dθr
(2.1)
where iA and LA(θr) are the current and inductance of phase A respectively. The
inductance depends only on the angular position1 of the rotor θr and for an unaligned
rotor position (θel = 0
◦) the inductance is minimum (Lu = constant)
2. The inductance
increases linearly from the point when both teeth begin to overlap (on the left-hand
side of figure 2.2) until the total overlap position (in the middle of figure 2.2), with
an inductance of La, is reached. Thus the torque for phase A is:
τA =
1
2
i2A
La − Lu
∆θLa,Lu
. (2.2)
1Usually a notation as shown in figure 2.2 is used for θel in the unaligned and aligned position of
each phase.
2Lu = inductance for the unaligned case, La = for the aligned case
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θel = 0
◦ θel = 180◦ θel = 360◦
Figure 2.2: Definition of the electrical angle for a 8/6 SRM. An electrical period θel = 360
◦
starts in a completely unaligned position and ends also in the next completely un-
aligned position
For the 4-phase SRM the total torque is:
τ =
1
2
D∑
j=A
i2j
La − Lu
∆θLa,Lu
j = A,B,C,D are the 4-phases. (2.3)
Normally a constant torque is desired. Therefore it would be necessary to switch
on a rectangular current pulse when the rotor tooth starts to overlap a stator pole
and to switch the pulse off when the poles are aligned. In this ideal case the torque
is constant during the time the electrical phase is active, because La−Lu
∆θLa,Lu
is constant.
Since the following phase is switched on at the moment the active phase is switched
off, the summation of the torque contribution of each phase gives a constant torque
over the complete sequence.
The assumptions mentioned above are not completely true for real motors. There-
fore a thorough knowledge of the linear and nonlinear characteristics of electric and
magnetic circuits is necessary, so that a control unit can switch on the phase current
on each coil, regulate it and finally switch it off to control the torque.
An expression for the power and torque of a real SRM can be derived from the
following equations. The relation between the phase voltage and current in an electric
machine is
u(t) = R· i(t) +
dΨ
dt
. (2.4)
where the first term on the right represents resistive losses and Ψ is the flux-
linkage3. The flux-linkage in a general form4 is
3Flux-linkage: the magnetic flux φ times the numbers of turns of a coil through which the flux is
passing. With a linear magnetic behavior, Ψ = L· i which leads to a torque as shown in equation
2.1.
4This does not take magnetic coupling between phases into account[Ras02].
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Figure 2.3: Current and resulting torque of 4-phase 8/6 SRM. at n = 1024 min−1 and
torque τ = 12 Nm
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Ψ(t) = L(i(t), θ(t))· i(t) (2.5)
leading to a voltage on one phase
u(t) = R· i(t) +
∂Ψ(i, θ)
∂ i
di
dt
+
∂Ψ(i, θ)
∂ θ
dθ
dt
. (2.6)
After multiplying equation 2.6 by the current i, an energy balance can be cal-
culated. Therefore the inner electrical energy Winner will be defined as the available
energy in the system (after substracting the resistive losses).
Winner =Welec −Wloss (2.7)
Winner =
∫
i·(
∂Ψ(i, θ)
∂ i
di
dt
+
∂Ψ(i, θ)
∂ θ
dθ
dt
) dt (2.8)
In the machine, the inner electrical energy is present as magnetic or mechanical
energy. Written in a differential form:
dWinner = dWmech + dWmag (2.9)
or
dWmech = dWinner − dWmag (2.10)
Since the flux-linkage is dependent on the current and angular position (equation
2.5), the differential form of the magnetic energy can be divided into two components
dWmag =
∂ Wmag
∂ i
di+
∂ Wmag
∂ θ
dθ (2.11)
Putting equation 2.11 and equation 2.8 (in its differential form) into equation 2.10
results in the mechanical work dWmech:
dWmech = (i
∂Ψ
∂ i
− ∂Wmag
∂ i
) di+ (i
∂Ψ
∂ θ
− ∂ Wmag
∂ θ
) dθ (2.12)
For a rotating object, the mechanical work is related to the torque by
dWmech = τ · dθ.
Thus the expression for the torque is given as:
τ = i·
∂Ψ
∂θ
− ∂Wmag
∂θ
=
∂ Wco
∂ θ
(2.13)
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where Wco is the co-energy defined as the part of the magnetic energy finally
converted into mechanical energy. This co-energy can be derived from magnetization
curves or co-energy loops of a machine [Fie07] [Ras02].
A plot of the simulated current of the four phases of a 8/6 SRM as well as the
resulting torque and radial force are depicted in figure 2.3. The x-axis of the figure is
the electrical angle θel which is defined as θel = Nr· θr where Nr is number of rotor
teeth (here Nr = 6) and θr is the mechanical angular position of the rotor.
After having presented the fundamentals of the SRM in this chapter, the next
chapter follows with the problem of machine noise, specially the vibration and radi-
ation behaviour of the SRM.
Chapter 3
Noise in Switched Reluctance
Machines
3.1 Noise and Vibration in SRM
Switched reluctance machines (SRM) have, as any other electrical machine, differ-
ent noise sources depending on their construction and operating point [Har91]. The
acceptable amount of noise or vibration in a machine will mostly depend on its ap-
plication.
Noise on one hand is defined as unwanted or unacceptable sound. Vibration on
the other hand can be defined in a similar way to noise. In contrast to noise, however,
vibration cannot be heard with the human hearing system, but rather can be felt.
Vibration also produces noise and is not good for the machine and ergo not desirable
as well.
Some vibrations are inevitable and do not affect the normal function of a machine.
However, in many cases, mostly in a design state of the machine, it is of interest to
know and describe all noise and vibration sources.
In this section, the vibroacoustic behavior of an SRM is presented. The vibration
is the main noise source. Secondary noise sources (bearing noise, noise from the
power converter, etc.) are not part of the analysis of this work and will be only
briefly mentioned.
sound
machine
radial force
function
vibrationmechanical
transfer characteristic
radiation
Figure 3.1: Block diagram of the vibroacoustic characteristic of an SRM. The radial force
is applied on the stator, which vibrates and radiates the noise
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3.1.1 Primary noise sources
In the preceding chapter it was shown that there is a regular switching process of the
current in each phase which produces the desired torque. Electromagnetic excitation
not only results in this torque, but also radial forces on the stator. This radial force
is the main source of structure borne sound. Figure 3.1 shows a block diagram of
the consequence of the radial forces on the machine. Forces act on the structure and
make it vibrate, while the mechanical and dynamic characteristics of the machine
define how and where it will vibrate and radiate sound.
The duration, spectral and spacial distribution of the current (and consequently of
the forces) depend on the number of electrical phases and the number of stator/rotor
teeth. Figure 3.2 shows the radial force curves for different phase currents. A typical
radial force resulting from the current applied to an SRM is depicted on the lowest
plot of figure 2.3. Since the force shown in that plot is not sinusoidal it becomes
evident that it has a fundamental and many harmonic components. This has as a
consequence that the radiated sound has several tonal components.
Figure 3.3 shows the torque as a function of the angular position with the phase
current as a parameter.
If a 4-phase 8/6 machine is used, the force will occur on two opposite teeth si-
multaneously. For other motor geometries, the points where the forces are applied
on the stator will be different. That is why the force transfer function between the
stator tooth and its outside surface is of importance when it comes to describing the
vibration of the machine. These transfer functions were measured and also modeled
and the results are presented in chapter 4.
Due to the current switching process, which makes the machine rotate, the radial
forces on the stator are also a periodical process. Figure 3.4 shows the time function
of the radial forces for the four phases. Phaseel,1 and phaseel,3 produce a deformation
of the stator with opposite sign1 (for example a mode2 deformation as shown on the
left-hand side of figure 3.5). For phaseel,2 and phaseel,4 it is the same, but shifted by
45° (right-hand side of figure 3.5). The time sequence of the forces is as presented in
section 2.2.
The vibration on the surface of the machine will depend on the characteristics of
both, the radial force and the mechanical transfer function of the stator/chassis.
The symmetrical geometry of the stator and the periodicity of the force allow a
simplified mechanical analysis. The analysis is done for only one electrical phase and
the result can be applied to the other phases on their respective teeth considering the
1To avoid confusion, between the phase of the recorded signals and the electrical phases of the
machine, the latter will be written as phaseel,N , where N indicates the phase number
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Figure 3.2: Radial force as function of angular position θel for different phase currents
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Figure 3.3: Torque as function of angular position θel for different phase currents
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Figure 3.4: Radial force on the stator teeth for the machine rotating at 1118 rpm. One
electrical period takes 8.9 ms
Figure 3.5: Two different mode2 resonances of an 8 pole stator
geometric and electric phase shift.
The above-mentioned mechanical transfer function plays an important role since
its resonance (eigenmodes) characteristics will define how efficiently the forces make
vibrate the structure. Figure 3.5 shows two mode2 eigenmodes that were calculated
using the finite elements method (FEM).
3.1.2 Secondary noise sources
The noise sources mentioned in the following paragraph are not exclusive to SRM.
They occur in other electrical machines too [Har91]. In case of SRM, they can be
referred to as secondary sources because their contribution to the overall noise level
is marginal under high load situations.
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Figure 3.6: Sound Pressure Level in 2 meter distance of the 8/6 SRM
Electric cause: Since SRMs needs a controlled current supply, inverter and other
power electronic control circuits are required. They are also possible noise
sources with a tonal component related to the switching frequency of the in-
verters.
Mechanical cause: The noise produced by mechanical sources is often frictional
noise of mechanical components like bearings and is mostly inevitable. The same
situation applies to the load attached to the machine or a similar generator.
Aerodynamic cause: The third secondary source is aerodynamic noise, which is
critical at high rotational speeds, stemming from fan blades and from the space
portion between the rotor teeth [FKD05].
Figure 3.6 shows the measured sound pressure level (SPL) radiated by a 8/6
machine in a 2 meter distance. From this plot, the noise problem of SRM becomes
clear. Many tonal components are distributed all over the spectrum, with a SPL
salience of more than 20 dB over the background. But the most critical problem
occurs at frequencies near the resonance (about 2.3 kHz). There, the level is more
than 20 dB above the rest.
In the next chapter the noise problem will be analyzed. The focus will be put on
the resonances, since at the frequencies of the mode2 resonances the main vibrations
occur.
The separation of the noise problem into connected blocks (figure 3.1) will also be
used in the next chapter. Each of the two stages (vibration and radiated noise) will
be studied separately.
Chapter 4
Measurement and Simulation of
Noise and Vibration of a Switched
Reluctance Machine
4.1 Introduction
The problem of noise and vibration of electrical machines (presented in chapter 3)
forces design engineers to reduce them while keeping costs low. Modern simulation
tools permit to design and test machines without the necessity to build them so that
extensive trial and error experimentation with real machines can be avoided. This is
used in many fields of machine design and noise control. Moreover, depending on the
application of the designed product, this is in many cases a must in the earliest stages
of the product development. Therefore the knowledge of the vibration principle and
noise radiation characteristics of a machine is of great importance.
The description and characterization of the vibration and radiation of an SRM
can help to find solutions to the related noise problem. One common approach is
to measure and to simulate the vibration of an SRM. The aim is to characterize
the vibration and radiation of the machine. This can be done in parts as presented
in figure 3.1. There the machine is broken into smaller blocks connected in a chain.
For this purpose, different measurements and simulation methods are proposed, tested
and compared to obtain a detailed description of the individual blocks and connectors
of figure 3.1. The analysis is done mainly qualitatively because this is sufficient to
describe the noise production problem in SRM. A quantitative analysis is of course
of great importance, but it is also directly dependent on the operating point of the
machine and more or less scalable with the machine load.
The work presented in this chapter was realized in close collaboration between
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the Institute of Technical Acoustics (ITA) and the Institute for Power Electronics
and Electrical Drives (ISEA) of RWTH Aachen University. It was of great benefit to
use the know-how of both collaborating institutions for the design, realization and
evaluation of the simulation and measurement projects.
Two measurement methods were used, one with the machine under normal driving
conditions and the second as a static measurements with a non rotating rotor.
The finite element method (FEM) and boundary element method (BEM) was used
for the simulations. Furthermore a simple analytical model of a vibrating cylinder
was created to make a first approximation of a vibrating and radiating machine.
4.2 Simple Model of a Switched Reluctance Ma-
chine
Simple Hollow Cylinder
In this section, a first approach to model the vibration of the stator of an electric
machine is described. The more or less complex structure of a stator with its frame will
be simplified and described as a cylinder of finite length. This very simple model helps
to give a first qualitative description of the vibration of the stator. This approach is
well known and was also used for other electrical machines [BV92][Har91]. Reducing
a complete stator to a simple cylinder yields inaccurate results as a consequence, but
has the advantage that it can be calculated very fast, also in an analytical way.
The reluctance force that generates the torque in an SRM also produces a radial
force that reduces the air gap between the stator and rotor teeth. In other words, the
force that generates torque has also a radial component pointing to the center of the
stator. For the case of a 8/6 machine the torque that makes the machine rotate is
applied to two opposite teeth of the stator at the same time (teeth AA′ in figure 2.1).
Due to this pair of forces in opposite direction, only the even radial eigenmodes can
be excited. It is assumed that the radial force is constant over the axial length of the
cylinder. On a real stator the force is also applied over the length of the stator poles,
but has a non uniform deformation as a result, since the endings of the machine are
closed and the machine is normally fixed to some holding structure. Therefore, only
radial eigenmodes will be considered for the cylinder to simplify this approach. The
first 6 radial eigenmodes of a cylinder can be seen in figure 4.1.
It is possible to calculate the radiation of a mode2 vibrating cylinder using a simple
quadrupole line array at the center of the machine, where some restrictions on the
frequency range have to be applied. Moving in azimuth direction, a jump in the phase
(of pi rad) should be seen every 90°.
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Figure 4.1: The first radial eigenmodes of a cylinder (2D view)
The plots in figure 3.5 and 4.4 show some eigenmodes calculated for the stator
with numerical methods. This will be presented in the next section, but at this point
it should already be mentioned, that there are two mode2 resonance shifted by 45°, at
slightly different frequencies. The plot in figure 4.2 is calculated from a quadrupole
line array for a frequency of 2.4 kHz and shows the relative phase at 2 m distance
from the stator. This plot shows one of these two eigenmodes. The analysis is reduced
to the mode2 resonances, since these are directly excited by the radial force in a 8/6
machine, and because the eigenfrequencies fall into the audible frequency range.
There are also phase shifts of pi rad moving from the base line to a point with
higher elevation angle (direction to the North Pole) (figure 4.2). They occur because
the machine is simulated as if it is standing on a reflecting surface. The reflected
sound wave will interfere and cancel the direct sound at some positions due to the
longer path and thus causing this phase jump.
As said before, the analysis and plots are done just for the (relative) phase of
the radiated sound. The SPL around a quadrupole has maxima and minima. The
minima occurs where the phase jump takes place. But since two shifted (by 45°)
mode2 dominate the vibration of the cylinder (as it will be presented in the next
sections), the SPL on a horizontal circle around the stator should be more or less
constant1.
As the observation point moves from lower to higher points on the hemisphere
shown in figure 4.2 the sound pressure level should diminish, since the main radiation
direction is horizontal.
4.3 Numerical Simulation of the Stator Vibration
A numerical technique was used to simulate the vibration of the SRM. A solution
for the vibration problem was obtained and thus the numerically partial differential
1Adding two mode2 vibrations, shifted by 45°, give a constant vibration magnitude. At the nodes
of the first mode, the second one has a maximum so that on a circle around the machine (in the
vibrating plane) the vibration is constant
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Figure 4.2: Simple model of the radiation pattern of the machine at a 2 m distance.
Modeled as a single quadrupole line. Only the relative phase of the sound is shown,
not the level
equations for each node were resolved. In this context two methods were used to
resolve vibroacoustic problems, namely the finite element method (FEM) and the
boundary element method (BEM) [KW99].
4.3.1 Finite element method simulation
The finite element method is used here to compute the vibration of the stator. There-
fore a CAD-model of the stator was created. As it can be seen in figure 4.3, only the
stator is modeled without a housing and with both ends open.
To obtain the eigenmodes and eigenfrequencies, the material parameters of the
stator are needed in addition to the CAD-model. The results are shown in figure 4.4.
There the stator is depicted with some order of magnitudes bigger deformations.
With the eigenmodes and corresponding eigenfrequencies which are properties of
the stator, the response of the stator structure to a given force can be calculated.
This can be done for any force: for example also for a force impulse.
The finite element method allows to compute the dynamic effect of this force on
any node of the mesh (discrete representation of the stator), for example as a velocity
or acceleration vector on the surface.
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Figure 4.3: CAD model of the stator of an SRM
Figure 4.4: Some eigenmodes calculated with FEM for the stator of an SRM
The force applied in this simulation model is obtained from a model of an SRM
that simulates the electromagnetic characteristics of the machine. This procedure is
well established and makes it possible to calculate the radial force applied to a stator
pole for a given current form.
The plot in figure 3.4 (in chapter 3) shows the radial force used for the numerical
simulation, applied to the four teeth pairs of the stator. Each of the four force-pulses
are separated by about 2.225 ms, so that the electrical period (θel = 360
◦) for one
of this phases is 8.9 ms. This results in an angular speed of 1118 rpm for a machine
with six rotor teeth.
FEM results for the vibration of the stator
The results from the numerical simulation (eigenmode calculation) as well as the
results from the measurement of stator surface velocity or SPL at 2 m distance show
that there are mainly two peaks present in the spectrum that are important. Figure
4.5 shows an example of a measured transfer function of the machine. Two peaks are
seen between 2 and 3 kHz.
Figure 4.6 shows the results of the dynamic FEM-computation of the stator surface
vibration for two different frequencies (maxima in the spectrum). The plot on the
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Figure 4.5: Measured transfer function between the force applied on the stator tooth and
the surface velocity (See section 4.5)
left-hand side shows the velocity of the surface, normalized by the maximal velocity.
The plot on the left-hand side shows the relative phase. The two colors highlight the
sectors of the stator that vibrates into two different directions. The magnitude of the
vibration at the higher frequency is about 20 dB lower. It can be seen, that the two
peaks are mode2 vibrations, with the maximum at places that are 45° apart.
4.3.2 Boundary element method simulation
The boundary element method is also a numerical method that can be applied, as
the name suggests, to calculate the radiated sound for boundary conditions.
The vibration of the inner structure of the stator is not important for the BEM.
Only the boundary conditions (of the outer shell or boundary layer) are needed to
calculate the radiated sound.
The BEM was used to calculate the radiated sound of the machine. A grid of
points was positioned at 2 m distance from the machine (as shown in figure 4.7). The
sound pressure is then calculated at these points.
The plots in figure 4.8 show the radiation pattern of the stator for two different
frequencies. The excitation signal used for the four phases is depicted in figure 3.4
(1118 rpm).
On the left-hand side the sound pressure level is plotted, on the right-hand side
the relative phase. These are plots for two frequencies, where the SPL has a relative
maximum. The frequencies are 2344 and 3036 Hz. The radiation pattern reflects the
results of the FEM. Two mode2 vibrations 45° apart. These plots show the same
pattern as the plot of the radiation of a quadrupole in figure 4.2.
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Figure 4.6: Results of the FEM-simulation for surface velocity for a typical current form
(shown in figure 2.3). On the left-hand side the normalized surface velocity is plotted
on a cylinder (instead of a stator). On the right-hand side the relative phase of the
velocity is shown
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Figure 4.7: Grid of points in a hemisphere around the stator
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Figure 4.8: Radiation pattern of the stator at 2 m distance. The left plots show the SPL.
On the right-hand side the relative phase is shown. It can be seen that the radiation
pattern is also shifted by 45° between the two frequencies (between upper and lower).
A rotor speed of 1118 rpm was used for the simulation
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4.4 Test Bench
An appropriate test bench is necessary when it comes to carrying out reliable high-
quality measurements. For acoustic and vibroacoustic measurements that are carried
out while the machine is rotating, some important aspects have to be considered.
• It should be possible to test and measure the machine under different speed and
load conditions.
• It should be portable and lightweight, to facilitate the transport between dif-
ferent laboratories and measurement rooms.
• It should be noiseless.
A test bench was constructed with an aluminum frame, using a speed controlled
eddy-current brake as the load. It will be presented in the next pages.
The measurements of the machine have the purpose to measure the vibration
characteristics of the machine under different conditions. These can be different
speeds and different torque. To achieve this goal it is necessary that the machine
works with a load. Test benches often use a second machine serving as load. This
has a major disadvantage in this case, because the noise and vibration of the machine
that is tested cannot be easily separated from the noise produced by the machine
working as load. An eddy-current brake satisfies these requirements, since the load
is achieved through the eddy-currents and there are not other friction or vibration
sources as the bearings.
The test bench that was constructed is shown in a picture on the left in figure
4.10. At the Institute for Power Electronics and Electrical Drives (ISEA) a speed
controlled eddy-current load was designed. The SRM is regulated to produce a given
torque. So, when the speed of the test bench is lower than the reference value, the
current in the coils of the brake is reduced until the reference speed is reached. Figure
4.9 shows the torque-speed curves for the brake for three different current values. An
aluminum disk was used for the eddy current brake.
The structure holding the coils of the eddy-current brake were mounted on a static
torque measurement device. This permitted to constantly and directly measure the
torque produced by the brake as a comparison value to the value given by the control
unit of the motor.
To keep the weight of the test bench low, it was constructed as an aluminum frame
which can be seen in the picture on the left in figure 4.10.
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Figure 4.9: Torque-speed curves for the eddy current brake of the test bench [Wik08]
The noise and vibration of this test bench is minimal, because there are not
alternating or switching fields or forces acting on the structure. As said before,
bearing noise and vibration are the only potential noise sources.
Possible vibrations from the load and test bench frame are kept away from the
motor by preventing the vibrations to transmit to the machine. Therefore the SRM
is fixed on the test bench using rubber buffers. This is shown on the right-hand side
of figure 4.10. The decoupling of the drive from the eddy current brake is achieved
by an elastomer vibration isolator in the drive shaft (figure 4.11).
The test bench also makes it possible to turn the machine easily in 5◦ or 10◦ steps
to perform measurements over the complete circumference of the drive (figure 4.12 ).
The angular position of the machine will be referred to as α.
The usage of eddy-current brake as load has several advantages such as lightweight,
low noise and low vibration. This construction, however, has one major disadvantage
if it should be operated over longer time periods.
The energy of the brake (when the machine is working with load) is completely
transformed into heat in the aluminum disc. Since the test bench is lowered into a
casing which then was sealed for the measurement, the heat dissipation capability
of the disc is reduced. After few minutes, the air in the casing reaches a higher
temperature, hindering the cooling process of the disc, so that the thermal protection
system of the test bench is constantly forced to interrupt the measurement. This is
not the case for transfer function measurements because only short measurements for
few seconds are required.
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Figure 4.10: On the left: SRM on the test bench. The SRM is covered with vertical
reflector tape for the vibration measurement with a laser vibrometer. On the right:
detail of two (of a total of four) rubber buffers on which the drive is joint with the
test bench. The system for turning the machine releasing four screws can be seen as
well
Figure 4.11: On the left: Eddy-current brake. The coil and the winding core can be seen,
as well as the aluminum disc. On the right: elastomer vibration isolator
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Figure 4.12: Top: Test bench frame lowered and covered with a wood plate for the acoustic
measurement in the anechoic chamber. Bottom: Detail of the 5° and 10° marks of α
to turn the machine easily for measurements over the complete circumference
Figure 4.13: Picture of the reflecting tape for the surface velocity measurement. Seven
points were scanned, from bottom to top
4.5. STATIC MEASUREMENTS 43
4.4.1 Measurement equipment
For the acoustic measurements in the anechoic chamber, the test bench was lowered
and covered with a wooden plate as shown in the picture on top of figure 4.12 and
in figure 4.14. This has two advantages: first of all, the machine is at ground level,
which is the same condition as for the BEM simulation of section 4.3.2 and facilitates
the comparison of the results. The second advantage is that noise from the frame of
the test bench is strongly insulated from the anechoic chamber.
A 24 channel recording system was used for the measurement. 19 channels were
used for the microphones on the array. On all the measurement sessions also the
current on one of the four phases was measured. Depending on the purpose of the
measurement also additional measurement equipment was used. For the vibration
measurement, a laser scanning vibrometer was used for the remote velocity measure-
ment on the stator surface and for some sessions also an accelerometer was attached
to the stator surface. The laser scanning vibrometer was used t scan the surface of
the stator to measure the velocity.
4.5 Static Measurements
As mentioned at the beginning of this chapter, two methods were used to measure the
SRM. The aim of the here referred to as the static measurement (measurement with
the rotor on a fixed position), is to obtain information that describes the vibroacoustic
properties of the stator completely. For a linear and time invariant (LTI)2 system this
information is given by the impulse response of the system.
Figure 4.14 shows the measurement setup used for the static and dynamic mea-
surement while a sketch of the setup is presented in figure 4.15.
The test bench is standing in a hole in the ground so that the machine flange is
on the floor level. The hole is covered, so that only the machine is in the room.
One of the quantities measured was the directivity of the machine. The directivity
describes the radiation pattern of the source, in this case the SRM.
The directivity of a source can be described with the sound pressure in all direc-
tions around it. The phase information was also of interest for the machine measure-
ment, because it can provide information about the vibration modes of the stator
(mode0, mode1, mode2, etc.), as presented in section 4.3.
2The mechanical and acoustical characteristics of the stator can be considered as LTI. All non-
linearities of the magnetic fields and currents are not relevant for this analysis, since the input for
this analysis is a force and the output is vibration or the radiated sound from the stator surface,
which is a linear system.
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Figure 4.14: Measurement setup in the anechoic chamber. This measurement setup was
used for the static and dynamic measurement. The laser scanning vibrometer is not
depicted in the picture
Motor
Reference microphone
Anechoic chamber
Anechoic chamber
Reflecting floor
Microphone array
Microphones
Figure 4.15: Schematic representation of the measurement setup of figure 4.14
4.5. STATIC MEASUREMENTS 45
The easiest method to record the phase information is to use a simultaneous
multichannel recording. An array of 19 equally spaced microphones was used. The
microphones were mounted on an arc of 90° with a 2 m radius. This construction
made it possible to measure and compare the phase between the 19 microphones.
The lowest microphone is on the ground level, the highest on top of the machine.
To obtain the 3D directivity information, the machine was turned in small steps
of α = 15◦ after each measurement until it was completely measured3. Figure 4.13
shows the reflecting tape every α = 15◦ used for the surface vibration measurement
with the laser vibrometer. The surface velocity was measured on seven positions in
axial direction (position 1 on bottom).
Three different broadband signals were used as force excitation for the measure-
ment. Afterwards the measured transfer function of the machine could be computed
and compared for the three signals
Normally four measurement were conducted, one for each four electrical phases
of the machine. The vibration and radiated sound was measured with the laser
scanning vibrometer and the microphone array respectively. To have the desired
current form on the electrical phases required to produce the broad band force, a
special programmable inverter was used instead of the original inverter from the
machine manufacturer [Sch07].
The first signal type used was an impulse. In theory, perfect impulses can be
constructed. But for real electrical systems it is not possible to produce extreme
short impulses (that have also enough energy) for the measurements. Here a short
triangular impulse was used, as shown in figure 4.16. In figure 4.19 the spectrum of
the “impulse” is depicted. As expected for a triangular signal, its spectral distribution
is a squared sinc function.
For the other two broad band signals that were used, the signal energy is dis-
tributed over a longer time period.
One was a maximum length sequence (MLS)[JA83]. This is binary sequence of
pseudo-stochastic noise as the sequence shown in figure 4.18. There was no difficulty
to implement this sequence in the inverter, since the predetermined sequence of zeros
and ones was directly applied as positive/negative DC link voltage sequence at the
inverter [Sch07].
The third signal type was based on a sweep4[MM01]. The implementation on the
inverter was programmed to constantly switch between two values, and at the same
time, the switching frequency was constantly augmented. The resulting current form
can be seen in figure 4.17.
3In most cases the rotational symmetry was used and a range of only 180° was measured.
4Also called, chirp, swept cosine or time stretched pulse signals.
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Figure 4.16: Current impulse used to apply an broad band force signal on the stator tooth
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Figure 4.17: Current form of the sweep
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Figure 4.18: Part of the maximum length sequence (MLS) used as the input signal to
measure the impulse response of the stator
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Figure 4.19: Spectrum of the radial forces applied to the stator tooth. The curves were
smoothed for the plot
The plots shown are the phase current applied to the stator winding. It is of inter-
est to obtain a transfer function for which a force is the input parameter. Therefore
the non-linear relation between current and radial force has to be taken into account
for the transfer function computation. The relation between current and force in the
aligned rotor position is shown in figure 4.20.
After transforming the current into a force, the spectrum of the applied force can
be calculated. This is shown in figure 4.19 for the three signals.
4.5.1 Structure vibration measurements
The surface velocity of the stator was measured for the three different force excita-
tions mentioned before using the laser vibrometer[Sch07]. Individual results of the
measurement will be shown first, followed by a plot containing the entire vibration
description for the stator resonance frequencies.
Figure 4.21 shows a transfer function of the stator for the three measurement
signals. They were calculated by dividing the measured velocity signal by the force
that was applied. For the plots, the force was applied to the same pole pair and the
measurement point was the same for the three cases. A qualitative comparison of the
output shows that the three cases are very similar. Only the measurement with the
sweep signal shows more noise and higher vibration around 600 Hz not present in the
other two measurements.
For this measurement phaseel,1 was powered and the laser was measuring on the
upper half of the stator surface. The machine was in its original position (machine
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Figure 4.20: Relation between phase current on the stator winding and the radial force
for the aligned rotor position (θel = 180
◦)
position α = 0◦).
The plots of figure 4.21 show two resonances: at 2.37 kHz and at 2.87 kHz, for all
three curves.
Measurement points around the machine. Active phases: phaseel,1 and
phaseel,2
Exciting only one phase of the machine and turning it in 15° steps after each mea-
surement yields interesting information about the spatial vibration characteristics of
the stator. The plot on top of figure 4.22 (phaseel,1 is excited) shows resonances at
2.25, 2.37 and 2.87 kHz. It can be seen that the level of the vibration in these fre-
quencies varies as α changes. The level variation is periodic for α. It repeats itself
after a machine rotation of α = 90◦.
On the other hand, exciting phaseel,2 (on bottom of the figure) results in a high
vibration at 2.25 kHz and not at 2.37 kHz, which was the frequency of the maximum
for phaseel,1.
This confirms that two mode2 resonances are present, rotated by 45
◦ and shows
that phaseel,1 excites the resonance at 2.37 kHz and phaseel,2 the resonance at
2.25 kHz.
Measurement points along the axis of the machine. Active phases:
phaseel,1, phaseel,2, phaseel,3 and phaseel,4
The plots of figure 4.23 show the vibration of the stator surface for the force applied
to the four different pole pairs.
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Figure 4.21: Measured transfer function between the applied force (for the three different
signals) applied on the stator teeth and the surface velocity on the stator. The curves
were smoothed for the plot
The radial force applied by phaseel,1 makes that the stator is radially compressed
over its length on that point. The stator is consequently displaced to the outside
(expands) at points that are ∆α = 90◦ shifted. It is at these points where phaseel,3
applies the force. The response of the machine to an excitation of phaseel,1 or phaseel,3
should be very similar, only with a phase shift: this is, when phaseel,1 compresses,
phaseel,3 expands. The same happens to phaseel,2 and phaseel,4 (which are located
in-between phaseel,1 and phaseel,3). This was presented in chapter 2, where the SRM
was introduced.
The results from the numerical simulation, namely that there are two mode2
eigenmodes (see figure 3.5) at different frequencies is confirmed by the measurement.
The four plots of figure 4.23 confirm that phaseel,1 and phaseel,3 produce the same
vibration on the stator since the first and third plot are almost identical. The same
comparison can be made for phaseel,2 and phaseel,4, seen on the second and fourth
plot.
The force applied to the teeth of the phaseel,1 and phaseel,3 excites the stator at a
higher frequency than phaseel,2 and phaseel,4. However, in each case the neighboring
resonance can be clearly seen.
For each plot of figure 4.23 seven points on the surface of the machine were
scanned. Laser point 1 is near the base of the machine and point 7 is on the up-
per end, as shown in the image in figure 4.13. The machine position was α = 15◦.
The scan of seven different points shows that the vibration on 2.87 kHz is reduced
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Figure 4.22: Stator transfer function. Several measurement points around the machine
(step ∆α = 15◦). Top: phaseel,1 of the machine is powered. Bottom: phaseel,2 of the
machine is powered
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Figure 4.23: Stator transfer function, keeping α = 15◦. The height of the measurement
point was changed from 1 (near the floor) to 7 (the on upper end of the machine). Each
one of the four plots shows the transfer function for a different powered phase. (On
position 2 for phaseel,3 a bad measurement point was used for the laser vibrometer)
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for points on the upper half of the stator.
Overall results of the stator at different frequencies
The overall results of the series of measurement can be summarized by using a cylin-
drical plot for the vibration. These plots are shown in figures 4.24 and 4.25. Four
plots for each one of the three main vibration frequencies are depicted in these figure.
Figure 4.24 shows the magnitude of the vibration while figure 4.25 shows the relative
phase of it.
On top are the results of the measurement at the lowest “interesting” frequency
(2.25 kHz). Previous figures showed that the electrical phaseel,2 and phaseel,4 excite
the eigenmode with this frequency. On figure 4.24 the nodes (places without vibra-
tion) of the mode2 vibration are clearly visible. The vibration node along the axial
axes on the cylinder surface can clearly be seen on the plots of the surface velocity
as well as on the plots of the relative phase, where a phase jump of pi occurs (figure
4.25).
At a frequency of 2.37 kHz also small vibrations are present when phaseel,2 and
phaseel,4 are powered. But the biggest vibration is produced by phases 1 and 3.
On the bottom plot, the resonance at 2.87 kHz is shown. The scale covers a
smaller range, so that the vibration is some 15 dB smaller. Again it can be seen that
the vibration is most predominant on the lower part of the machine.
For the plots in figure 4.25 it can be seen that velocity for phaseel,1 (phaseel,2)
has an opposite sign (phase shift of pi rad) than the vibration produced by phaseel,3
(phaseel,4). This is valid for the three shown frequencies.
4.5.2 Directivity measurements
The transfer functions measured with the laser scanning vibrometer presented in the
preceding sections provides detailed information about the vibration characteristics
of the machine.
The radiation of the machine for this broad band signals was also measured using
the setup described before.
A second machine of the same type was used for the radiation (directivity) mea-
surement. For this machine the measured data showed that the frequencies of the
eigenmodes are different due to asymmetries in the stator . The main resonances are
at higher frequencies, namely 2.50, 2.66 and 3.10 kHz.
The plots in figure 4.26 and 4.27 show a pattern, with zones where the sound
pressure is conphase. These zones are, however more irregularly distributed than in
the plots from the BEM simulation.
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Figure 4.24: Vibration (surface velocity) measured all over the stator. From left to right:
plot of the vibration for each of the four electrical phases powered individually. The
scale of the plot at 2.87 kHz is smaller than the other two
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Figure 4.25: Vibration (relative phase) measured all over the stator. From left to right:
plot of the vibration for each of the four electrical phases powered individually
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Figure 4.26: Vibration (normalized SPL) measured in an hemisphere at 2 m distance from
the stator. A force impulse was used for the excitation for each one of the four phases
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Figure 4.27: Vibration (relative phase) measured in a hemisphere at 2 m distance from
the stator. A force impulse was used as excitation for each one of the four phases
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4.6 Dynamic Measurements
The method presented in the preceding section makes it possible to determine the
impulse response (or transfer function) of the system easily and precisely while also
yielding quantitative information about resonances for a static situation.
In this section, the results of the measurements that were carried out while the
machine was running (rotating rotor) will be presented. The aim of these measure-
ments is to verify if the main resonances seen in the spectral analysis of the radiated
sound were produced by a (or two) mode2 resonance. The characteristic phase dis-
tribution of a mode2 presented before should also be found in the radiated sound of
a rotating SRM. This is beacsue only the relative phase of the radiated sound was
analyzed and not the SPL.
4.6.1 Directivity measurements
A hemispherical array of microphones around the machine would have been necessary
to measure the phase information of the radiated sound of the machine perfectly and
accurately. So, it would have been possible to measure all points simultaneously on
each position around the machine.
To create a similar situation, the sound pressure was recorded using the same
equipment used before. 19 different positions were measured at the same time covering
90° (elevation).
It is easy to compute the time delay for the measurement with well known signals
and relative phases of the signals. The current on one of the four electrical phases
was recorded to be used as a trigger signal. Based on this data and post processing
the relative phase of the sound pressure between each one of the points around the
machine was computed.
The raw recorded current signal and the synchronized current signal is shown in
figure 4.28. The plot on top shows a window of a few milliseconds of the measured
phase current for 17 different measurement runs. After each run the machine was
turned by α = 10◦. There is no time relation between the 17 signals. The bottom
plot shows the synchronized (time shifted) current.
The fact that the speed of the machine was not perfectly constant over time turned
out to be the main problem for the data analysis. That is why an analysis of each
one of the 17 measurement (with a duration of a few second each) was realized and
a time window where the machine speed runs constantly was detected and used for
the analysis and comparison of the phase of the radiated sound.
For two frequencies (about 2347 and 2950 Hz) the phase of the radiated sound
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Figure 4.28: Top: Measured current of one electrical phase of the machine, for the 17
different measurements (each signal is slightly shifted vertically for the plot). Bottom:
Synchronized phase current
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Figure 4.29: On the left: Plot of the phase of the radiated sound at 2347 Hz in two meter
distance. On the right: Plot of the phase of the radiated sound at 2993 Hz at two
meter distance
was calculated and plotted. The speed of the machine (and consequently the funda-
mental frequency of the force ) was chosen so that one of the harmonic components
falls into the resonance frequency. In other words, one of the peaks of the harmonics
of the force should have the same (or a similar) frequency as the resonance frequency.
It is clear that this is not an optimal working point, acoustically speaking, but for
the measurement of the resonance it is.
Both plots in figure 4.29 show the relative phase in a quarter sphere around the
machine. The plot on the left-hand side is at a frequency of about 2347 Hz.
The pattern observed in the other measurements and simulations is found again,
but with a lot of noise. The conphase fields are again 90° apart in azimuth angle.
For plot on the right, an alternating color pattern is observed as well. The phase
jump on plot on the left is similar, but occurs on an different place as for plot on
right, shifted by 45°. This is in concordance with the expected results and with the
results presented before. On high elevation angles the measurement quality is lower,
because the main radiation direction is horizontal.
For points with high elevation (near the North Pole) the measurement quality is
lower, because the main radiation direction is the horizontal.
4.7 Conclusions
Measurements of the radiated sound of the 8/6 machine that were analyzed show two
main resonances in the range of 2 - 4 kHz.
Using different tools (simple model, numerical methods and measurement) to
analyze the vibration characteristic of SRM it was shown that the resonances are
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the product of two mode2 resonances, at different frequencies. These two mode2
resonances are rotated by 45°. This means: wherever one mode has a node, the
other one shows a maximum of vibration. The vibration is thus more or less equally
distributed around the machine but with particular frequencies and phase relations.
Measurement with two different motors of the same type have shown that the
frequency of the resonances can vary by about 10%. This makes it difficult to find
strategies that reduce the vibration for precisely defined frequencies for a certain
machine type. A series of measurements could provide information about the variation
of the eigenfrequencies for several machines.
However, the main item that remains the same for every machine of this type
(8/6), namely that the largest problems are mode2 vibrations.
It could be possible to find the “problematic” frequencies by measuring the ma-
chines individually. Afterward, a noise reduction could be achieved by programming
the machine control unit to avoid producing an harmonic with the same frequency as
the maximum of the resonance.
Or as an alternative to this individual adjustment a more generic approach can
be used. Therefor a closer look at the (radial) forces acting on the motor structure
can help to show how, when and where the stator is excited. With this knowledge,
motor control strategies can be designed that mainly changes the when and where
the forces are applied so that an acoustically optimized control can be used. This is
presented in the next chapter.
Chapter 5
Control Strategies applied to SRM
The results obtained from the measurement and simulation of the SRM presented in
chapter 4 can be used to simulate the noise produced by the machine under different
conditions. All the relevant data is available: the radial force on the stator teeth
can be calculated from the current form and the transfer function between force at
the stator teeth to the vibration on the motor surface (or the radiated sound) was
measured. This allows to simulate the noise of the machine for all possible working
conditions of the machine. The sound files obtained from the simulation can then be
evaluated by listeners in a listening test or objective psychoacoustic magnitudes can
be calculated using a software.
Both approaches were realized and compared: The output of this simulation pro-
cess was presented to listeners who had to evaluate the sound quality for different
operating points and different working conditions. These working conditions refer to
the possibility to choose between some control strategies of the machine.
Mostly electrical drives are driven so that energy or power efficiency is achieved.
But also other “target functions” can be chosen with an emphasis, for example, on
the noise problem.
5.1 Control Strategies
The standard objective function for electrical drives is a constant speed and/or a
smooth torque [De 08][Ras02]. It was shown in section 2.3 that a rectangular shaped
current pulse produces near constant torque (ignoring saturation). Due to the physical
restrictions (rising time (slope) of the current), however, the current form depicted in
figure 2.3 occurs. The slope of the current, as well as the hysteresis control, that holds
the current at a reference value, will depend on several parameters and characteristics
of the machine such as, for instance, the voltage of the inverter, losses, magnetic flux,
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Figure 5.1: Current and radial force for different control strategies. Std. is the standard
strategy, ESP1 - ESP5 are five different early single pulse strategies. n = 1024 min−1,
Torque τ = 11 Nm
saturation, desired speed and torque.
But, other control strategies can be designed to achieve noise reduction. Some
examples are the current shaping method, the early single pulse method, the cancel-
lation method and the triangle width method [KFSD06].
Early single pulse method
The early single pulse method aims to reduce the overall radial force by creating a
torque at a time where the radial force is not so strong. To achieve this goal the
current is turned on at an early stage and turned off before the rotor tooth starts to
overlap the stator tooth where it would start to produce stronger radial forces (see
section 2.3). The main disadvantage of this method is that it can not be used at
full load. For a full load operating point, the current has to be applied over a wider
angular range, thus reducing the advantage of this method. It also has a higher torque
ripple which can be a major drawback in some applications. On the other hand, the
advantage of this method, compared to other noise reduction methods, is that it can
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be implemented on a standard converter and that the reduction level covers a wide
frequency range.
Three variations of the early single pulse (ESP) method were tested and compared
to the standard method in terms of their impact on psychoacoustic parameters.
The three ESP methods (ESP1, ESP2, ESP3) differ in terms of their turn on
and off angle and the angle where the maximum current is reached [Sch07]. Figure
5.1 shows six current forms. The first one (Std.) is the standard: ESP1 - ESP3
are early single pulse strategies. The resulting radial forces are shown as well. The
ESP-strategies are fitted to have the same torque as the standard strategy.
The simulated sound pressure level (SPL) of the four different strategies are plot-
ted in figure 5.2, for n = 1024 min−1 and a torque of τ = 0.6· τmax. It has roughly
the same form in the four plots, but fine structures of the spectra differ, mainly in
terms of the level and distribution of the tonal components.
5.2 Results
The effects of these differences on the sound quality can be seen in the plots of figure
5.3. The plots show the calculated loudness1 for four control strategies. The left-
hand column shows the loudness for three different torque levels: low (top), medium
(middle), high (bottom). On the right-hand side, the loudness is displayed as a
function of torque, for three different speeds; low (top), medium (middle) and high
(bottom).
The differences between the three ESP alternatives as far as loudness is concerned,
are minimal. The plots show, however, that the loudness can be reduced with the
ESP-strategies for low torque and low speed (the three first plots). The last three
figures show almost no difference between the four strategies. This is related to the
fact that the current and force for the ESP strategies are differ from the standard
under for these conditions.
It is important to observe that while the machine is controlled with an ESP
strategy, the efficiency is reduced in most operating points. If a higher torque is
required, the early single pulse strategy is very similar to the standard one, because
it is necessary to energized the phases over a wide angular range.
As for example: at 2048 min−1 and maximal torque (13 Nm), the efficiency is
almost the same and the simulated sound pressure level is reduced by 8 dB compared
to the standard strategy. For a operation point of about 40% of the maximal torque,
the efficency for the ESP is only 0.69 (0.88 for the standard), but the simulated sound
1Refer to section 1.2.3 for a definition of loudness.
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Figure 5.2: Simulated sound pressure level (SPL) for the standard strategy and the three
different control ESP-strategies at n = 1024 min−1 and torque τ = 0.6· τmax
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pressure level is reduced by 10 dB.
In [KFSD06] a reduction of 9 dB is reported from measurements on a pump drive
with load.
By looking into the results of the listening test done with the simulated sound
for different control strategies some other interesting results can be seen. Agreeable,
an adjective with a positive value, was used as the parameter to be evaluated by the
listeners. The results of the listening tests were then compared with the objective
(calculated) magnitude sensory euphony as proposed by Aures (see section 1.2.4). In
the listening test the sound quality of the noise was evaluated by 31 listeners. Not all
possible combinations of control strategies and operating points were presented, but a
selection where the objective psychoacoustic magnitudes showed the most important
differences.
The analysis showed that using a modified model for the calculated sensory eu-
phony, yields much better results than the original one. The modification was that
the sign of the tonalness term in the sensory euphony formula was changed, so that
the correlation coefficient between the sensory euphony and the (rank) result from the
listening test improved from ρ = 0.112 to ρ = 0.6 for the modified sensory euphony.
5.3 Conclusions
The objective psychoacoustic magnitudes and the sound pressure level of the noise
produced by the machine showed that under different conditions (control strategies)
the machine noise can be improved in its sound quality.
From the results of the listening test and the analysis of the psychoacoustic magni-
tudes it can be concluded that such models (as the sensory euphony) need clear limits
and conditions under which they can be used. The best sound quality is maybe an
optimum only for a specific situation. That is why the context and specific situation
are of great importance in sound quality evaluation.
A modification of the original formula of sensory euphony was necessary to have
a psychoacoustic magnitude that fits the results from the listening test. The modifi-
cation was a change in the sign of the tonalness component in Aures’ formula.
Aures also mentions that there is a discrepancy with the tonalness because tonal-
ness increases the sensory euphony, but tonal sounds are more annoying than noisy
sounds keeping the other parameters constant.
This motivates to explore in more detail the influence of tonal components (tonal-
ness) and the combination of them (consonance and its opposite dissonance as well as
roughness) on the perceived quality of sounds, specially of technical origin. Technical
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Figure 5.3: Loudness for different working conditions, for the standard and three ESP
strategies. Left column: from top to bottom, 30%, 60% and 90% of the nominal
torque (x-axis is the speed in min−1). Right column: from top to bottom, rotation
speed 512, 1024 and 2048 min−1 (x-axis is the relative torque)
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sounds are discussed because tonal components are often present in noise of techni-
cal origin. They are produced by periodical movement in machines, for example of
rotating parts in motors.
The following chapter presents the two magnitudes tonalness and consonance. The
listening test that were carried out to particularly investigate the tonalness and con-
sonance and its relation with the perceived annoyance are then presented in chapter
7.
Chapter 6
Concepts of Tonalness and
Consonance
In the preceding chapters the SRM was presented. The origin of the tonalness in the
radiated sound and the structure vibration of an SRM was discussed as well. Also
an example on how different control strategies can change the radiated noise of a
machine was presented.
In this chapter the psychoacoustic concepts of tonalness and consonance will be
presented in more detail, mainly by presenting some models of them. These two
psychoacoustic parameters are used then in chapter 7, which presents the results of
the listening tests.
6.1 Tonalness/Tonality
The tonality of a sound depends on many factors, such as, for instance, the quantity
of single tones in the sound, the level of each tone, the presence of (broad band) noise
and its level.
Three different approaches to calculate tonalness will be presented briefly, based
on a case of a single and prominent tone in broad band noise:
Tone to noise ratio (TNR): is the ratio of Xtone
XCB
where Xtone is the sound pressure
of the tone and XCB the level of the noise in that critical band without the tone
[ECM03].
Prominence ratio (PR): is similar to the TNR, but the ratio between XCB(i) and
1
2
(XCB(i−1) + XCB(i−1)) is calculated, where XCB(i−1) and XCB(i+1) are respec-
tively the sound pressure of the lower and upper critical band of the critical
band containing the tone XCB(i) [ECM03].
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Tonality according to Aures and German DIN45681: These methods are
more elaborated than the preceding ones, because they take the bandwidth of
the tonal component (single tone or narrow band noise), its frequency and its
level into account as well.
The latter two methods will be presented in more detail, because they will be used
for the analysis of the listening test described in section 7.2.
6.1.1 Terhardt’s tonal components extraction algorithm
Terhardt describes an algorithm for the detection (extraction) of tonal components in
[TSS82]. For the calculation of the pitch of a sound, as it is proposed in his work, an
algorithm for extracting the tones is needed. This algorithm will be presented briefly.
From the spectrum of a signal (FFT), any local maxima is marked as a candidate
of being a tonal component, this is by testing if Li−1 < Li ≥ Li+1, where Li is the
SPL of the ith spectral sample. Further it is tested if for these candidates the level
is at least 7 dB greater than several samples surrounding Li:
Li − Li+j ≥ 7 dB ; j = −3,−2,+2,+3. (6.1)
Then the masking effect of all tonal components as well as the masking effect of
the rest of the spectrum (and the threshold of hearing) is computed so that only
“aurally relevant” components are analyzed.
Having finished this procedure, this algorithm provides the pitch and the so-called
“sound pressure level excess” (if the tone is heard out) of the tonal components.
6.1.2 The German DIN 45681 tonalness calculation method
The German standard DIN45681 computes a “tone adjustment” coefficient used for
noise assessment problems. The norm also includes an automatic tone detection and
extraction algorithm, similar to the one presented by Terhardt, with some differences
and refinements (for example other values and criteria are used for defining whether a
tone is audible and the special case of more than one tone per CB is dealt differently).
Again, the tone detection algorithm provides information about every tonal com-
ponent as output parameters: frequency of the tone, SPL of the tone, SPL of the
noise inside that CB, as well as information about the uncertainty of the computed
values.
With these values a penalty value is applied to the SPL of noise immission mea-
surements that have tonal components higher than certain values defined in this
norm.
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Figure 6.1: Schematic representation of the tonality algorithm from Aures [Aur85a]
6.1.3 Aures’ tonality calculation
The two preceding sections presented methods or algorithms for tone detection and
extraction, taking the characteristics of the human hearing system (threshold of hear-
ing, masking effects, audibility of the tone, etc.) into account. The output of the
algorithm is the information of whether there are tones present in the signal, as well
as some variables that characterize and define the tone (band width, frequency, etc.).
For the calculation of the sensory euphony, which will be presented later, Aures
created an algorithm to calculate the tonalness of sounds [Aur85a]. He used the tonal
components extracted by Terhardt’s algorithm, presented in 6.1.1. The block diagram
of the complete procedure for calculating tonalness is presented in figure 6.1. The
details of the procedure are presented in the paper cited before.
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On the diagram the left branch shows the calculation of the level (∆Li), bandwidth
(∆zi) and frequency (fi) of the tonal components. The level of the noise around the
tone, similar to a signal to noise (SNR) calculation, is needed, however, to calculate
how tonal they are.
Therefore the loudness of the noise is computed (middle branch) and weighted
with the total loudness of the signal (right branch). For a detailed description refer
to Aures’ papers [Aur85b][Aur85a].
6.2 Consonance and Dissonance
6.2.1 Introduction
Many researchers studied consonance and dissonance. Some of them, for example
Helmholtz and Stumpf, already studied these phenomena in the late 19th century.
However, most researchers published their works concerning consonance and disso-
nance in the 20th century [PL65][KK69a][KK69b][Aur85b]. There are many def-
initions of consonance and explanations of its meaning. The sensation of conso-
nance/dissonance is closely related to roughness. However, is also intertwined with
music perception and with critical bands. Researchers usually state that dissonance
is the opposite of consonance and that its meaning can be divided in two groups:
i) sensory or psychoacoustic dissonance and ii) musical dissonance. Dissonance is of-
ten described with adjectives such as turbid, annoying and as a sound that needs to be
resolved or cleared. But “. . .musicians make a clear distinction between pleasantness
and consonance” while “for naive subjects, however, consonance and pleasantness are
much more similar concepts . . . ” [PL65].
6.2.2 Consonance of dyads
Sweeping one of the tones of a dyad1 from a given frequency (e.g. starting at 250 Hz)
while the frequency of the second one is fixed (at 250 Hz), produces a different per-
ceived consonance for different ∆f . At the beginning, when both tones have the same
frequency, only one is heard, so that there is no dissonance at all. If the separation of
the tones is small, a fluctuation in the amplitude will be heard (fluctuation strength).
When the separation reaches about 1/4 of a critical band, the consonance will reach a
minimum (maximum of dissonance). This minimum is mainly produced by roughness
(see section 1.2.3). Increasing the distance will reduce the dissonance until reaching
a new maximum one octave higher. This is shown in figure 6.2 The curve is an
1Dyad is a two-tone pair.
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Figure 6.2: Model of the consonance of two tones (dyad) as a function of the bandwidth
of a critical band (CB)
approximation of the results presented by Plomp and Levelt [PL65] [Ter98] [Ben05]
[Mas06].
6.2.3 Consonance of harmonic complex tones
If, instead of two single tones, two harmonic complex tones2 (HCT1 and HCT2)
are used, the result will be different. For the plot in figure 6.3 two tones with a
fundamental and 5 harmonics are used. The curve shows local maxima between the
maximum at unisono3 (1:1) and octave (1:2). This local maxima are at frequency
ratios where one (or more than one) of the harmonics of HCT1 match with one
harmonic of the HCT2. This is shown schematically in figure 6.6 with two HCT in a
frequency ratio of 2:3 (perfect fifth). Figure 6.4 depicts the critical bands around the
tones of HCT1 as well. This ratio is relative consonant, as can be seen in figure 6.2.
Most of the time no more than one tone occurs in each critical band.
For other frequency ratios the matching harmonics do not match anymore and
produce roughness (i.e higher dissonance). Such a case is plotted in figure 6.5 for a
frequency ratio of 5:6. There are two tones in the CB around 250 Hz, 1.25 kHz and
1.75 kHz. As a consequence the consonance is lower. This is also reflected by the
curve which is shown in figure 6.3. The dissonances of each possible tone pair (dyads
as in figure 6.3) for the ratios from 1:1 to 1:2 are added to create this plot (figure
6.2).
2Complex tones are sounds consisting of several tones. Harmonic complex tones (HCT) are tones
that are part of an harmonic series. These series are used for most musical instruments and technical
sounds. HCT are usually perceived as more consonant than sound which consists of tones in a not
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Figure 6.3: Model for the consonance of two tones (each with 6 harmonics). For the lowest
tone f0 is 250 Hz
harmonic distribution
3Unisono: both tones have the same frequency, i.e. they are identical.
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Figure 6.4: Schematic representation of a two HCT in a frequency ratio of 2:3 (perfect
fifth). For each tonal component of HCT1 the critical band is shown. At 750 Hz and
1.5 kHz two tones are present in one CB, but at unisono; no roughness is perceived
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Figure 6.5: Schematic representation of a two HCT in a frequency ratio of 5:6 (minor
third). For each tonal component of HCT1 the critical band is shown. Already
for the 250 Hz critical band there are two tones. This happens also for 1.25 kHz
and 1.75 kHz. A higher roughness and as a consequence higher dissonance will be
perceived
Chapter 7
Listening Tests
The results of the listening tests will be presented in this section. Different techniques,
presented in section 1.4, were used to evaluate the sound quality of electrical machines.
7.1 Sound Quality of Switched Reluctance Ma-
chines
7.1.1 Introduction and method
The first listening test [FVK+05] was carried out to evaluate the overall sound quality
of an SRM. 22 recorded files were thus used, based on five different SRM as presented
in table 7.1. A category partitioning scale (CP Scale) as presented briefly in section
1.4.2, was used for this test. In this case the scale consists of five main verbal categories
ranging from very pleasant to very annoying [Hel85][Gus97][Kle05]. Each one of these
main categories is subdivided into ten numerical subcategories, which permit a more
precise answer for the listeners. Figure 7.1 shows the CP scale that was used [Gus97].
Table 7.1: Machine description regarding the 22 sound samples used for the
listening test
# of
Stimuli
Drive type Max. speed
[rpm]
Pnom
[kW]
Stator 
[mm]
Teeth
7 Vacuum cleaner 36000 1.3 98 8/4
2 Vacuum cleaner 36000 1.5 76 4/2
7 Car motor 6000 30 286 18/12
4 Weaving machine 5000 11 247 8/6
2 Weaving machine 5000 1.4 120 8/6
76 CHAPTER 7. LISTENING TESTS
30 42 43 44 45 46 47 48 49 504112 13 14 15 16 17 18 19 20112 3 4 5 6 7 8 9 101 22 23 24 25 26 27 28 2921 32 33 34 35 36 37 38 39 4031
Very annoyingAnnoyingMiddleVery Pleasant Pleasant
Figure 7.1: Graphical interface for the listening test using category scaling. It consists of
five main categories each of whom is made up off ten subcategories
The key data for this listening test was:
• 19 listeners
• random order of stimuli,
• the first sample was the same for everyone. (It could be played back anytime
serving as reference),
• stimulus length of 4 s,
• presented via headphones with original SPL,
• one sample was presented two times to check consistency of the answers,
• to put the experiment and the samples into a context, the test subjects were
asked to imagine that the device or appliance was actually used in an industrial
setting while they were evaluating the latter,
The arithmetic mean of the answers to each stimulus from the listening test was
calculated.
Several objective psychoacoustic magnitudes were calculated for these sound sam-
ples using the ArtemiS software [HEA]. This data was used to find a model that
fits the data from the listening test using the computed objective psychoacoustic
magnitudes.
The psychoacoustic magnitudes calculated with the software covered four hearing
dimensions1.
Two magnitudes (using two different algorithm/method) were calculated for each
hearing dimensions, except for roughness: Prominences Ratio (in dB) [NB91] and
tonality (in tu) [TSS82] for tonalness, loudness (in phone) [ISO75] and sound pressure
level (in dBA) for sound intensity, sharpness (in accum) using von Bismarck’s [Aur85a]
and Aures’ method [Aur85a] and roughness (in asper) [Sot93].
1The term hearing dimension is somehow a synonym of psychoacoustic magnitude, and it is used
here to distinguish the perception of the psychoacoustic magnitude from the method or algorithm
used to calculate it. Similar as when tonalness and tonality were defined in section 6. The same
happens with the hearing dimension of the sound intensity: a dBA value or the loudness could be
used as a psychoacoustic magnitude that represents the perceived sound intensity.
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Table 7.2: Correlation coefficients (ρ) between the computed psy-
choacoustic parameters
Sharpness-Tonality Sharpness-Loudness Loudness-Tonality
0.059 -0.33 -0.195
7.1.2 Results of the test
It is of interest to find a model that describes (and predicts) the perceived annoyance
produced by the machine for a mean listener without asking him or her. This can
be achieved by using multiple linear regressions [Bor99] [Kle05]. The mean value
of all the answers of the listeners was calculated and used as dependent variable
for the multiple linear regression. The independent variables were derived from the
hearing dimensions tonalness, sound intensity, sharpness and roughness. From each
pair of psychoacoustic magnitudes, the one which explains more of the variance2 of
the independent variables (tonality, level, sharpness and roughness) is used. This was
the case for tonality, loudness, and sharpness by von Bismarck. Since roughness did
not add information to the variance explanation it was not included in the model.
It is also necessary to show that these three parameters are independent from each
other. This means for example: a high loudness is nor the cause neither an effect of,
for example, a high sharpness. The correlation between these three pairs of series for
the 22 stimuli was calculated and since the correlation coefficients were low (see table
7.2), a multiple regression can be calculated.
Based on these findings, it was possible to develop a model for annoyance in
listening tests based on this machine noise:
Annonyance ≈ βloud.Zloud. + βsharp.Zsharp. + βtonal. + Ztonal. + e (7.1)
7.1.3 Model and conclusions
Three different models were tested. The results, presented in table 7.3, show that a
model using loudness, tonality (Aures) and sharpness (von Bismarck) turned out to be
the best one (model 1). It explains 85% of the variance (variance of the annoyance).
The table shows clearly that loudness is the most important parameter with a beta
coefficient of β = 0.888 followed by sharpness.
2Explained variance: the amount of variability (variance) that the model can account for. If the
explained variance is 1 then the model matches the data perfectly.
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Table 7.3: Three models for the annoyance. R
2
(adjusted coef-
ficient of determination) is the percentage of the variance or
variability of the data that is explained by the model. All of
the models are statistical significant
β-coefficient Stat. signif.
Model 1 (R
2
= 0.850)
Loudness 0.888
0Sharpness 0.633
Tonality 0.403
Model 2 (R
2
= 0.685)
Loudness 0.809
0
Sharpness 0.631
Model 3 (R
2
= 0.328) Loudness 0.600 0.003
The second model included only loudness and sharpness as an independent variable
(model 2) which still gives a relative high value of R
2
.
However, while looking at model 3, it becomes evident that loudness alone is not
enough to build a good model (R
2
= 0.328).
7.2 Tonalness: Experiment I
In the following two sections two experiments that deal with the perceived tonalness
will be presented. Experiment I is a pretest which shows the relation between the
perceived tonalness and some psychoacoustic parameters for tonalness. The second
experiment is an exhaustive study of the change in tonalness for harmonic complex
sounds.
7.2.1 Introduction
The tonalness methods, presented in section 6.1, were tested in a small pretest (Ex-
periment I). Twelve stimuli were used and ten listeners participated. For the stimuli
a recording of an SRM was used as a basis. One stimulus was the original recording,
the other 11 were modified copies of the original recording, where the amplitude of
the tonal peaks in the spectrum were changed using several notch filters. The number
of tones (peaks in the spectrum) and its amplitude were thus modified. The loudness
was also modified for some, to keep it at the same level as the original recording. This
pretest was carried out with a CP scale similar to the one used in the experiment
presented before in section 7.1 (see figure 7.1). The scale ranged, however, from with
no tonalness (“gar nicht tonhaltig”) to high tonalness (“sehr tonhaltig”).
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Table 7.4: Correlation coefficients (ρ) between
the listening test and the psychoacoustic
parameters
Variables ρ
Listening Test - Aures’ Tonality 0.75
Listening Test - DIN45681 0.96
Listening Test - Prominence Ratio 0.93
7.2.2 Results
Figure 7.2 shows the results of the listening test (on top) and the objective (calculated)
tonalness (bottom) for the twelve stimuli. The series are normalized, i.e. they are
divided by the value of the reference stimulus (stimulus Nr. 2). This allows a better
graphical representation and comparison. A boxplot3 of the normalized values is also
presented.
The correlation coefficient (ρ) between the results of the listening test and the
values for the calculated tonalness are presented in table 7.4.
7.2.3 Conclusions
This pretest aimed the assessing of the three methods mentioned above. To put it
in a nutshell, one could definitely say that the three methods reflect the answers of
the listeners very well. Aures’ tonality method has the lowest correlation with the
answers, mainly due to the calculated value of the stimuli 11 and 12.
7.3 Tonalness: Experiment II
In a second test, the quality of the computed parameters of tonalness (Aures, DIN,
etc.) were compared more thoroughly for different types of stimuli, this is, for stimuli
with very different tonalness. In this listening test the relation between tonalness and
unpleasentness was also tested. The experiment is presented in detail in the following
section.
3Boxplot: also called box-and-whisker diagram. The box ranges from the lowest quartile to the
upper quartile. Inside the box the median is marked with a line. The lines starting from the ends
of the box range to the smallest and largest observation. Outliers are marked with a red +.
80 CHAPTER 7. LISTENING TESTS
T
on
al
n
es
s
fr
om
li
st
en
in
g
te
st
(n
or
m
.)
Stimulus Number
Mean from the listening test
1 2 3 4 5 6 7 8 9 10 11 12
0
0.2
0.4
0.6
0.8
1
1.2
Stimulus Number
C
al
cu
la
te
d
to
n
al
n
es
s
(n
or
m
.)
Aures‘ Tonality
DIN Tonality
Prominence Ratio
1 2 3 4 5 6 7 8 9 10 11 12
0.3
0.4
0.5
0.6
0.7
0.8
0.9
1
1.1
Figure 7.2: The upper plot shows a boxplot of the normalized answers of the listening
test for ten persons (Experiment I) and the calculated mean. The lower plot shows
the normalized tonalness for three tonalness methods. Stimulus number 2 was used
as the reference for the normalization in both plots
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Table 7.5: Numeration and short description of the stimuli. Stimuli 1 to 13 are those
with a tone to noise ratio (TNR) of 15.5 dB and stimuli 14 to 26 with a TNR of
21.5 dB. Stimulus 6 was used as a reference (anchor) for the magnitude estimation
experiment
Stimulus 1 2 3 4 5 6 7 8 9 10 11 12 13
number 14 15 16 17 18 19 20 21 22 23 24 25 26
Harmonics 1 2 2 2 4 4 4 6 6 6 8 8 8
Spec. shape - -5 0 5 -5 0 5 -5 0 5 -5 0 5
in dB/oct.
7.3.1 Stimuli
A total of 52 synthesized stimuli were used for most listeners. The stimuli were
synthetic sounds consisting of pure tones and a broadband noise. Two groups of
listeners took the test (group A and group B). The number of stimuli was cut in half
for group B to reduce the duration of the test, based on the robustness of the results
of group A. The results of the test will be shown only for the 26 stimuli evaluated by
all the listeners.
All the stimuli were harmonic complex tones (HCT)4. Various parameters of these
sounds were changed to analyze the influence of them on the tonalness. The changed
parameters are: the number of harmonics, spectral shape and the tone to noise ratio.
A résumé of the stimuli and the numbering that will be used for the figures is presented
in table 7.5.
Number of harmonics (NH): 1, 2, 4 and 8 harmonics (including the fundamental)
were used. The effect of the missing fundamental5 was tested as well. In this
case the fundamental and the first harmonic were not present and will be called
missing fundamental in this work.
Spectral shape (SS): the spectral weighting applied to the harmonics. Three
different shapes were used: constant, decrease of -5 dB/octave and increase
+5 dB/octave.
4Harmonic complex tones: sounds with several tones, all in a harmonic series. This is, for instance,
a sound which has tones at frequencies f0, 2f0, 3f0 . . . . with a fundamental of f0 = 150 Hz.
5Missing fundamental: a psychoacoustic effect called residue by Shouten in 1940 (see also section
1.2.3 and [ZF99][Moo03][Ter98]). For harmonic complex tones that are high-pass-filtered so that
some low frequency tones are missing, the same pitch is heard as when all the tones are present. The
samples with missing fundamentals had 6 harmonics with frequencies at 3f0, 4f0, 5f0, 6f0, 7f0, 8f0,
so f0 and 2f0 were missing in the presented experiment.
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Figure 7.3: Spectrum of the reference sample of the tonalness listening test
Tone to noise ratio (TNR): the ratio between the level of f0 to the level of the
noise. Tone to noise ratios of 12.5, 15.5, 18.5, 21.5 dB were used for group A.,
the number of stimuli were cut in half for group B using those with TNR of
15.5, 21.5 dB.
Uniform masking noise6 (UMN) was used as described in [ZF99]. The uniform
masking noise used in the stimuli is shown in addition as a black dotted line in figure
7.3.
The stimuli were equalized in terms of their loudness to eliminate the influence
of loudness in the experiment. After an iterative process of equalization the loudness
was between 19.5 and 20.8 sone.
7.3.2 Listeners
Group A consisted of 30 listeners while group B was made up of 8 participants. Most
of them were students or researchers. The students of group A were paid for their
participation. The hearing abilities of group A were measured with an audiometric
hearing test. All listeners of group B declared to have normal hearing.
6Uniform masking noise: produces the same masking threshold for all frequencies and differs
from white noise at frequencies higher than about 500 Hz where white noise would produce a higher
threshold.
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7.3.3 Instructions and evaluation method
Before starting the listening test, the listeners got instructions containing a short defi-
nition of tonalness. Moreover a number of sound samples with high and low tonalness
(sinusoid and broad band noise) were presented. The experiment was carried out in
France and in Germany. The terms used for tonalness were tonalité and Tonhaltigkeit
respectively. There was no time limit for the test.
After creating the stimuli, they were normalized to have a loudness of about
20 sone. This calibration was done using headphones7 on a Kemar dummy head for
group A and using a ear simulator from Head Acoustics for group B.
Each stimulus had a duration of 1 s and was presented diotically8. Furthermore
it was presented two times in a random order in a soundproof room.
The method used to evaluate the stimuli was a magnitude estimation with a
reference [HE04][Ste00][Ges97]. This is a variation of the method that was already
presented in section 1.4.2 on page 16. The listeners also listened to a reference stimulus
(constant for the whole test), which enabled them to compare the test stimulus with
the reference stimulus. In this experiment stimulus number 6 was used as reference
for the entire experiment. A tonalness value of 100 was preassigned to it. After
hearing the test sound and comparing it to the reference. the listener was asked to
assess the level of tonalness. For example, if he or she thought that the perceived
tonalness was twice as high as the reference, he or she should give it a value of 200.
If the test subjects were of the opinion that it was only one third, compared to the
reference, the value should be 33. In other words, the listener evaluated the totalness
by expressing a ratio between the test and the reference stimulus [HE04].
7.3.4 Reliability of the answers
The answers of the 38 listeners were tested for consistency. Intra-consistency was
checked calculating the correlation between the answers that were given by the test
subjects while listening to the sample for the first and for the second time. The
correlation coefficient was ρintra = 0.04 for one listener, while the mean was ρintra =
0.83. An “inter-correlation” between the answer of one listener and the mean of all
the answers was also calculated. This was done for each listener. The answers of one
person were not included (ρinter = 0.39). For the others it ranged from ρinter = 0.75
and ρinter = 0.98. The answers of two other listeners were not included in further
evaluations as well, because their answer comportment differed considerably from the
7STAX Headphones were used in for both groups.
8Diotic: same signal on both ears.
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Figure 7.4: Boxplot for the answers obtained by the listening test. Stimulus 6 was used
as the reference. The trend for stimulus 1 to 13 is equivalent to the one for 14 to 26.
The difference between both series is the TNR (See stimuli definition in table 7.5)
rest. This will be presented and discussed in more detail in the section Dendrogram
on page 86.
7.3.5 Results of the test
The magnitude estimation values given by the listeners are ratios, so that it was
possible to calculate for all the data processing (including the reliability check) the
log10 of them [GMD78][Gra03].
Afterwards the arithmetic mean for the two presentations of each stimulus was
calculated. The answers for the 26 stimuli are presented in figure 7.4 using a boxplot
graphic.
As expected the shape of the mean of both series with different TNR and with
13 stimuli each (see table 7.5), are similar, The variance of stimulus number 6, which
was also used as the reference, is minimal as well. It becomes evident, while looking
at figure 7.4, that there are differences in the perceived tonalness for different stimuli.
However, a statistic analysis is necessary to analyze the influence of each of the three
parameters that were changed to synthesize the sound samples (NH, SS, TNR). This
is achieved by carrying out an ANalysis Of VAriance (ANOVA) test.
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7.3.6 Analysis of variance (ANOVA)
With an analysis of variance it is possible to compare the variance of two (or more)
data sets to check whether a considerable change of a parameter has occured (e.g. does
the perceived tonalness of stimulus 16 differ from the one of stimulus 19? Stimulus
16 has two harmonics while 19 has four). The following results are calculated for a
significance level of 5%.
Number of harmonics: Increasing the number of harmonics (1 → 2 → 4 → 8)
results in a significant positive change in the perceived tonalness for both. TNR
cases: the spectral shape (SS) is constant for 5 dB/octave. For a spectral shape
of -5dB/octave the level of higher harmonics is relative low. In this case the
tonalness also increases for a higher number of harmonics, but the change is not
significant for each individual step.
For a spectral shape of -5 dB/octave the level of higher harmonics is relative
low. In this case the tonalness also increases for a higher number of harmonics,
but the change is, again, not significant for each step.
Tone to noise ratio: the change in the ratio between the level of the tone of f0 and
the uniform masking noise from 15.5 to 21.5 dB also produces a higher tonal-
ness, independently of SS or NH. It is important to remark that the loudness
was equalized for all stimuli, as was explained before.
Spectral shape: a change in spectral shape (-5 dB/oct.→ 0 dB/oct.→
+5 dB/oct. ) leads to a significant change in the perceived tonalness for
4, 6 and 8 harmonics. It does not make sense to define a spectral shape for
only one harmonic and the difference is not statistically significant in each step
for only two harmonics.
Missing fundamental: it was shown that adding higher harmonics results in signif-
icant changes in tonalness. However, eliminating the two lowest tones (funda-
mental and the first harmonic) does not necessarily lead to a significant change.
There is no statistical difference between 6 and 8 harmonics for a constant and a
+5 dB/octave spectral shape. The tonalness for the stimulus with missing fun-
damental and SS = -5 dB/octave is statistically lower than with all harmonics.
Figure 7.5 shows this case9. This could be put down to the fact that the noise
9A specific loudness plot, as those shown in figure 7.5 and 7.6, has frequency (or critical band)
on the x-axis and the loudness per frequency (or per critical band) on the y-axis. So, adding
(integrating) the area under the curve shown in the plots gives the total loudness. In other words,
it shows the loudness distribution over the frequency range, including masking effects.
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Figure 7.5: Specific loudness (N’) for stimuli 21 and 24, with (21) and without (24) missing
fundamental. Both have a spectral shape of -5 dB/octave
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Figure 7.6: Specific loudness (N’) for stimuli 22 and 25, with (22) and without (25) missing
fundamental. Both have a constant spectral shape
level for stimuli 21 and 24 is relatively high, giving an overall low tone to noise
ratio: adding the lower harmonics (missing fundamental) increases tonalness.
There is no statistical difference between stimuli 22 and 25 (shown in figure
7.6)). The noise level is relatively low, so that adding the two lowest harmonics
does not change so much the ratio between tonalness and noise. This means
that a similar tonalness is maintained.
7.3.7 Dendrogram: Answering strategies
It is possible to analyze and compare the way how listeners react to the test and
answer the questions. One method is to compare the distance between the answers
of each listener. The answer of each listener to the 26 stimuli can be interpreted as
a vector in a 26 dimensional space for which the distance to the answer from other
listeners can be calculated. Based on this data a cluster tree can be constructed.
The result is shown in figure 7.7. Three clusters were identified. Only one cluster
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Figure 7.7: Dendrogram. The standardized euclidean distance between the answers is
used to create the clusters. Three different clusters are shown
consists of two persons (group 3). The two listeners of group 3 are those who were not
included in the analysis, as explained in section Reliability of the answers on page 83.
The differences in the answering strategy became clear when the mean of each group
was plotted. Figure 7.8 shows the results. There are no right or wrong answers, but it
is possible to see that some listeners gave answers different to the mean answer. The
most striking group is group 3 which “underestimates” the samples with low tonalness
and “overestimates” those with a high tonalness. This becomes evident in figure 7.9,
where the same data as in figure 7.8 is plotted with ascending tonalness on the x-axis.
Group 2 has a similar tendency as group 3, but to a smaller extent. In contrast, group
1 “underestimates” the stimuli with high tonalness and “overestimates” those with
low tonalness. In other words, the full extent of the scale is used better by group 2.
7.3.8 Tonalness
The results of the listening test were compared to the calculated tonalness. Two
methods were thus used, as described in sections 6.1.1 [TSS82] and 6.1.2 [DIN05].
Based on the data of the extracted tonal components the tonality was calculated
using Aures’ method as described in section 6.1.3 [Aur85a]. The calculated tonality
was also normalized with regard to the reference stimulus (stimulus number 6). The
similarity of the results was very high. Both methods yielded a very high correlation
coefficient (ρ) between the psychoacoustic parameter and the results of the listening
test.
This is also shown in figure 7.10, where the mean answer from the listening test
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Figure 7.8: Mean of the answers of the three groups identified in the distance analysis of
figure 7.7
Stimulus Number
P
er
ce
iv
ed
to
n
al
n
es
s
Group 1
Group 2
Group 3
Mean
1 8 2 14 3 5 11 4 15 21 16 6 18 17 24 19 7 9 12 20 22 25 13 10 26 23
5
10
15
20
25
33
50
75
100
150
200
300
400
600
800
Figure 7.9: Mean of the answers of the three groups. The mean value is equivalent to
the one depicted in figure 7.8. It is, however, plotted with ascending tonalness on the
x-axis
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Table 7.6: Correlation coefficients (ρ) between the
listening test and the two methods for calcu-
lating the tonalness
Variables ρ
Listening Test - (Terhardt + Aures) 0.97
Listening Test - (DIN45681 + Aures) 0.96
Stimuli Number
Calculated tonalness (Terhardt - Aures)
Calculated tonalness (DIN45681 - Aures)
Mean from listening test
Reference
1 3 5 7 9 11 13 15 17 19 21 23 25
20
25
33
50
75
100
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200
300
Figure 7.10: Results of the listening test and the calculated tonalness with two different
tone extraction methods
is plotted with the results of the calculated tonality.
7.3.9 Comparison of tonalness and unpleasantness
The unpleasantness of the same 26 stimuli was tested in another experiment. This ex-
periment was also carried out in France and Germany. The French and German terms
for unpleasantness are désagrément and Unangenehmheit respectively. 22 listeners
participated. The test conditions were the same as for the tonalness experiment. A
similar analysis of the reliability of the answers was carried out. Two listeners were
not included due to inconsistency of their answers and due to a negative correlation
with the mean of all answers. The same three groups were identified with a den-
drogram plot. This time the third group consisted only of one person, who also was
excluded from further analysis later on. This person was also part of group 3 during
the first part of the experiment (tonalness).
Figure 7.11 shows the results of the listening test. While comparing the answers
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Figure 7.11: Result of the listening test of unpleasantness with mean value and boxplot
of both tests, that means of the tonalness and the unpleasantness test, the similarity
becomes obvious. Both curves are plotted together in figure 7.12.
The results of both tests are almost the same, they differ only in terms of a couple
of stimuli with low tonalness (stimuli 1, 8, 14 and 21). The correlation coefficient
between both data sets is ρ = 0.96. The results give rise to questions concerning the
relation between both parameters; tonalness and unpleasantness.
7.3.10 Conclusions
The influence of several parameters on the perceived tonalness was examined. Only
the parameter missing fundamental had no influence on the perceived tonalness.
Using an algorithm to calculate the tonalness, a high concordance in the results
was shown. Two different tone extraction algorithms were used and the results were
used as input parameters for Aures’ tonalness computation.
The high degree of similarity between the results of the tonalness and unpleasant-
ness tests is a possible indicator of the importance of the unpleasantness produced
by sound with high tonal components. This is proposed in the German standard
DIN45681. There, “a tone adjustment for the assessment of noise immissions” is
determined for noise with high tonalness [DIN05].
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Figure 7.12: Result of the both listening tests (tonalness and unpleasantness). The term
“estimated tonalness” and “estimated annoyance” were used, because the test was a
magnitude “estimation” test. The correlation coefficient between the results of both
test is ρ = 0.96
7.4 Consonance and Dissonance: Experiment I
Introduction
Two experiment series were carried out to analyze the dissonance10 of technical
sounds. Both tests will be presented in this and in the following section (section
7.5). The experiments will be presented in a similar form as the two tonalness ex-
periments (sections 7.2 and 7.3). First of all the stimuli and listener group will be
described, followed by a section that deals with the actual experiment and another
section that includes an analysis of the entire experiment.
The aim of both experiments was to analyze the influence of the spectral composi-
tion of the sounds on the perceived dissonance and on the annoyance/unpleasantness.
The stimuli used were synthesized sound files. They were synthesized in such a way
that they sounded like a real machine.
7.4.1 Stimuli
Synthesized sounds based on recordings of SRM were used as stimuli[Jan07]. This
approach, of using stimuli that sound like a machine, was taken to give them a
meaning (see section 1.3.2). As already mentioned in section 3.1.1, the noise of an
10The term dissonance will be used mostly, but in many cases, this term refers to the pair
dissonance/consonance.
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SRM has many prominent tonal components. Some characteristics of a machine sound
have to be taken into account when it comes to synthesizing sounds that are plausible,
this is, so that they are recognized by the listener as a noise coming from a machine.
In most cases using only tonal components and background noise to create a sound,
as it was done for Experiment II in section 7.3, is not sufficient. Many real machines
produce a noise that has something more similar to a stochastic behavior. This means,
for example, that the speed of a machine is not perfectly constant. These variations in
speed are missing if just many constant sinusoidal components are added. In this case
of just using sinusoidal components an unnatural and artificial sound is produced.
For most machines some background noise is audible as well, that can influence the
character of the sound. The background noise can, for example, be speed-dependent
or modulated in its amplitude. Synthesizing these secondary or complementary noise
components enables to decouple this sound from a very artificial character. The sound
is then put into a context where it is actually perceived as noise caused by a machine.
The same occurs when synthesizing the sound of musical instruments [Sap01].
In this experiment four different sets of sound were used, all of whom have different
characteristics.
The four sets have, however, something in common, namely a background noise
and a humming noise. The background noise is a lowpass filtered noise. The humming
is produced by three tonal components at about 150, 200 and 250 Hz.
Set 1 has 21 stimuli and consists of three groups containing seven stimuli each.
The three groups all share one tone at 400 Hz and a second one with a higher
frequency, which is the varying parameter for the seven different stimuli using
some musical intervals. f0 : f1 is 1 : 1.025, 16 : 15 (minor second), 5 : 4 (major
third), 1 : 1.406 (augmented forth), 1 : 1.5 (perfect fifth), 1 : 1.77 (minor
seventh) and 1 : 2 (octave). The humming noise component is different for each
of the three groups. It consists of three tones at 150, 200 and 250 Hz for group
1. Group 2 has three humming tonal components at frequencies that are 5 Hz
higher and group 3 at frequencies 5% higher than for group 1.
Set 2 is composed of two groups which use the same background noise and the same
humming noise as for set 1. The tones for group 1 (group one has 14 stimuli)
are a fundamental at f0 = 400 Hz with three higher harmonics (f0 : f0N1 :
f0N
2 : f0N
3). N ranges from a ratio where the four components are in one
critical band (N = 1.07) to the octave (N = 2). The second group, with 11
stimuli, has five tonal components in a frequency ratio 2f0 : 3f0 : Nf0 : 5f0 : 6f0
with 3 < N < 5 and f0 = 200 Hz.
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Set 3 simulates the situation of a system of two machines. The stimuli has four
tone components f0 = 400 Hz : 2f0 : 3f0 : 4f0 (first machine) and a second
harmonic complex tone (HCT) imitating a second machine turning at a different
speed. The second HCT has only two components (only one component for
f ′0 = 950 and 1000 Hz). f
′
0 is different for each one of the 10 stimuli and
ranges from 600 Hz to 1000 Hz.
Set 4 has 12 stimuli that form three groups, with components only in two spectral
regions. The first region is at 500 Hz and is not changed from this frequency
range. Other tones are set in a different frequency region. The exact region
is changed for each group. For group 1 it is at 703 Hz, for group 2 at 750 Hz
and at 1000 Hz for group 3. For each one of these three cases four variations
were synthesized that have a second tone at a frequency that is 10% higher, so
that a sensation of roughness is generated. This means that, four stimuli were
used for group 1: i) tones at 500 and 1000 Hz ii) tones at 500, 550 and 1000 Hz
iii) tones at 500, 1000 and 1100 Hz and finally iv) tones at 500, 550, 1000 and
1100 Hz.
The range of variations in the stimuli is thus broad and covers different set-ups of
consonance/dissonance and roughness.
The duration of the stimuli was 4 seconds and they were presented to the listeners
via headphones (STAX SR-Lambda Professional). The level of the tones was 60 dB,
calibrated using a single 1 kHz tone played with the headphones and measured on an
ear coupler with a sound pressure level meter. The level of each of the three humming
tones was 50 dB. These levels were chosen to be similar to noise levels of machines
that occur in real settings.
7.4.2 Listeners
A total of 47 persons participated in this listening test. Most of them were students
and PhD students. An audiometric test was done with every participant. Having
completed this test, one person was taken out from the analysis, because his audio-
gram showed variations higher than 20 dB.
7.4.3 Instructions, experiment and evaluation
The experiment was done at two different locations. One was a semi-anechoic cham-
ber, the second in an university room. The background noise level was measured
for both locations. The noise level did not exceeded 34 dB. Figure 7.13 shows the
background noise measurement for the university room.
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Figure 7.13: Background noise in the university room where the test was carried out
At the beginning of the test the listeners received the instructions and the concept
of dissonance/consonance was explained to them. A consonant noise was defined as
a noise that is clear, euphonic (wohlklingend) or that appear harmonic. Dissonant
sounds are those, that “seek for resolution” (nach einer Auflösung streben) or which
sound “blured” (getrübter Klang).
The listeners also heard three samples with different dissonances to highlight the
concepts. The experiment started with a test phase containing 14 stimuli. The results
from this test phase was not included in the final evaluation and analysis.
The participants of the listening test could hear every sample as often as they
needed. Afterwards they would give an answer concerning the perceived dissonance
and place it on a 9 categories scale ranging from “very dissonant” to “not dissonant”.
At the same time, a similar question regarding the unpleasantness was presented to
the listeners, again with a 9 categories scale, ranging from “very unpleasantness” to
“not unpleasantness”.
7.4.4 Results
The results of the experiments for each set are presented in the following paragraphs.
For each set the correlation between dissonance and unpleasantness was calculated.
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Figure 7.14: Dissonance and unpleasantness/annoyance for the stimuli of set 1 (refer to
section 7.4.1 on page 92 for a description of the stimuli)
The correlation coefficient between dissonance and three psychoacoustic magnitudes
(roughness, hearing model roughness11 and loudness) were calculated as well. The
correlation coefficient is presented in the tables only if it is statistically significant.
The same approach was taken for the unpleasantness.
For both, dissonance and unpleasantness, the mean value from the listening test
was calculated.
For the objective psychoacoustic magnitudes, the maximum value for the from the
analysis psychoacoustic magnitude vs. time (done in ArtemiS) was used for further
analysis.
The mean answers from the tests are spread over a range of about 4 to 5 cate-
gories. An ANOVA shows that the differences of the answers of the experiment are
statistically significant. This means that the differences in the answers for the indi-
vidual stimuli are not by chance. However, not every difference between two stimuli,
for example those shown in the plots, are necessarily significant.
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Set 1
The results of the listening test for the stimuli of set 1 are shown in figure 7.14.
This figure includes the results for each of the three groups of stimuli for dissonance
and unpleasantness. The results of the three groups of stimuli are not statistically
different from each other and therefore the mean of the three groups is calculated and
used for further analyses.
Only the correlation coefficient between dissonance and roughness is statistically
significant, with a value of ρ = 0.75.
Figure 7.14 also shows that the dissonance for the first two stimuli is high (starting
from left to right in the plot). For these two stimuli f0 and f1 are in a critical band
(CB). The intervals of the third and fifth stimuli are, musically speaking, a major
third and a perfect fifth respectively. Both intervals are normally considered to be
consonant in music. In the plot of figure 7.14 these two stimuli are local minima, for
both curves, dissonance and unpleasantness. However, only the fifth is significantly
lower than the surrounding values. The fifth has a lower dissonance value than the
forth stimuli (augmented forth). As expected, the dissonance reaches a minimum for
the octave.
For tones separated by an octave, the dissonance should be the lowest. The
analysis of the results for stimuli where intervals are an octave show that the there
are not stimuli that are not dissonant at all. The background noise and the humming,
produce some dissonance, so that the lowest mean value reached in the test is in the
category little dissonance.
The form of the curve for dissonance and unpleasantness is not the same. Dis-
sonance has a its maximum dissonance for the a frequency relation of 1 : 1.025 and
its minimum for the octave. For the unpleasantness, the range of the mean is very
small, and is distributed over only two categories. The first and last stimulus in the
plot are equally unpleasant.
Set 2
Group 1: there is more than one psychoacoustic parameter that is highly correlated
with the result from the listening test for the first group of stimuli of set 2. They are
listed in table 7.7.
The plot in figure 7.15 shows again, as expected, that the dissonance is high for
tones that are inside a CB (first two stimuli in the plot). This is also reflected by the
roughness calculated with both methods, roughness and hearing model roughness.
11Hearing model roughness: roughness calculated using a hearing model implemented in the soft-
ware ArtemiS [HEA] by Head Acoustics.
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N (Frequency ratio 1:N)
Dissonance
Annoyance
1.067 1.1 1.2 1.25 1.3 1.4 1.5 1.6 1.618 1.7 1.78 1.8 1.9 2
none
little
moderate
pretty
very
Figure 7.15: Dissonance and unpleasantness/annoyance for set 2 - group 1 (see section
7.4.1 for a description of the stimuli)
N (Ratio between f0 and the frequency of the single tone)
Dissonance
Annoyance
3.05 3.15 3.25 3.5 3.75 4 4.25 4.5 4.75 4.85 4.95
none
little
moderate
pretty
very
Figure 7.16: Dissonance and unpleasantness/annoyance for set 2 - group 2 (see section
7.4.1 for a description of the stimuli)
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Table 7.7: Correlation coefficients (ρ) between the
listening test and the psychoacoustic param-
eters for the stimuli of group 1 of set 2
Variables ρ
Dissonance - Hearing model roughness 0.82
Dissonance - Roughness 0.80
Dissonance - Loudness -0.84
Unpleasantness - Hearing model roughness -0.62
Unpleasantness - Roughness -0.77
Unpleasantness - Loudness 0.88
For the other stimuli, it is constant at a moderate dissonance level, except for the
octave, where it drops two categories.
The run of the unpleasantness curve grows for higher frequency ratio but also has
an abrupt change for the octave. This increase is possible due to the loudness of
the stimuli, since loudness is an important component that influences the perceived
unpleasantness (as presented in section 7.1).
Group 2: the parameter that was changed in this group of stimuli was the
frequency of the third harmonic of an HCT. The perceived dissonance and unpleas-
antness for this set of samples are very similar. The correlation coefficient between
both is ρ(diss, unpleas) = 0.94. When the tone is about 30 Hz apart from the next one,
the dissonance and unpleasantness are on a maximum. A minimum is reached when
the tone is part of an harmonic series, when N = 4 in the plot of figure 7.16.
Set 3
The results from the second group of set 2 and that of set 3 are very similar. Both show
a high correlation coefficient between dissonance and unpleasantness (ρ(diss, unpleas) =
0.96) that can be seen in figure 7.17.
The range of the mean dissonance of the listening test covers almost 4 categories.
The minimum in dissonance is reached for f ′0 = 800 Hz. Here the “second ma-
chine” has its harmonics on exact the same frequencies as the “first one”. That means
that only one HCT is heard, which reduces the perceived dissonance. The unpleasant-
ness is also lower in this case. As for f ′0 = 800 Hz when f
′
0 = 600 and 1000 Hz every
tone belongs to the harmonic series with a fundamental (missing) of f = 200 Hz.
The correlation coefficient between the listening test and both roughness methods
is presented in table 7.8.
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f ′0 / Hz
Dissonance
Annoyance
600 650 700 750 800 820 850 900 950 1000
none
little
moderate
pretty
very
Figure 7.17: Dissonance and unpleasantness/annoyance for the stimuli of set 3 (see section
7.4.1 for a description of the stimuli)
Table 7.8: Correlation coefficients (ρ) between the
listening test and the psychoacoustic param-
eters for the stimuli of set 3
Variables ρ
Dissonance - Hearing model roughness 0.86
Dissonance - Roughness 0.88
Unpleasantness - Hearing model roughness 0.88
Unpleasantness - Roughness 0.88
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Case
Hz)
Dissonance Group 1 (with tones at 500 and 700 Hz)
Dissonance Group 2 (with tones at 500 and 750 Hz)
Dissonance Group 3 (with tones at 500 and 1000 Hz)
Annoyance Group 1 (with tones at 500 and 700 Hz)
Annoyance Group 2 (with tones at 500 and 750 Hz)
Annoyance Group 3 (with tones at 500 and 1000 Hz)
i ii iii iv
none
little
moderate
pretty
very
Figure 7.18: Dissonance and unpleasantness/annoyance for the stimuli of set 4 (see section
7.4.1 for a description of the stimuli)
Set 4
The results from the listening test of the three groups of set 4 are presented in figure
7.18. The label of the cases on the x-axis is defined in section 7.4.1 on page 92.
The correlation coefficient between dissonance and unpleasantness for the 12 stim-
uli of set 4 is ρ(diss, unpleas) = 0.77. The correlation between the perceived dissonance
and unpleasantness and the psychoacoustics parameters is shown in table 7.9.
The dissonance for the stimuli that have only one tone in each region is the lowest.
Adding a second tone at a frequency, that is 10% higher, results in a situation, where
the sound has a higher perceived dissonance, independetly from whether the tone
is added in the lower or higher region. Adding another tone, so that there are two
tones with a frequency difference of 10% in both regions, does not produce a change
in the perceived dissonance any more. As far as the unpleasantness is concerned, the
findings are similar to the results of the dissonance experiment. However, the sound
is relatively more unpleasant for the stimuli of group three (tones are in the region
about 1000 Hz).
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Table 7.9: Correlation coefficients (ρ) between the
listening test and the psychoacoustic param-
eters for the stimuli of set 4
Variables ρ
Dissonance - Hearing model roughness 0.88
Dissonance - Roughness 0.88
Unpleasantness - Hearing model roughness 0.94
Unpleasantness - Roughness 0.71
Overall results for the four sets
Each set was analyzed separately. This analysis was very useful as it enabled to
detect possible relations between the perceived sensation for the parameters that
were changed in each set and the calculated psychoacoustic magnitudes.
It was thus possible to see that the perceived dissonance has a significant corre-
lation with some psychoacoustic magnitudes in some of the sets. These magnitudes,
however, have no correlation with the stimuli in other sets.
In the following paragraph the results of an analysis that takes all sets into account
will be presented. A linear regression model was calculated with five input variables.
This calculation is similar to the one described in section 7.1.2. Table 7.10 shows the
results for three different models. The same approach was taken for the perceived
unpleasantness (table 7.11).
Table 7.10: Three dissonance models for the listening test. R
2
(adjusted coefficient of determination) is the percentage of
the variance or variability of the data that is explained by
the model
Statistical significance
Model 1 (R2 = 0.58)
Roughness
0Loudness
Tonality
Model 2 (R2 = 0.52)
Roughness
0
Loudness
Model 3 (R2 = 0.46) Roughness 0
The results of the models for the unpleasantness are similar to the results of the
experiment on the sound quality of SRM that is described in section 7.1. This shows
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Table 7.11: Three unpleasantness models for the listening test.
R
2
(adjusted coefficient of determination) is the percent-
age of the variance or variability of the data that is ex-
plained by the model
Statistical significance
Model 1 (R2 = 0.71)
Loudness
0Roughness
Sharpness
Model 2 (R2 = 0.68)
Roughness
0
Loudness
Model 3 (R2 = 0.60) Loudness 0
that loudness and sharpness are important. Roughness plays an important role in
this experiment, because the stimuli were designed to have different values in terms
of their roughness.
7.4.5 Conclusions
Having highlighted the important and significant characteristics of the results of each
set, an overall analysis can be done.
The presented results and their analysis are based on the answers obtained during
the listening tests. The variance of the answers was high in many cases but the results
and conclusions presented are statistically significant.
One important aspect is that there is no clear and unique relation between disso-
nance and unpleasantness. For some sets of stimuli the plots are more or less parallel,
but not for others. This is important since these findings show that the perceived
dissonance is not always unpleasantness, even though both words have a negative
connotation. On the other hand, it is of interest to see what is happening to group 1
of set 2. If the last stimulus of figure 7.15 is not taken into account, the correlation
coefficient between dissonance and unpleasantness is statistically significant and has
a negative ρ(diss, unpleas) = −0.63. But by adding the last stimulus, the statistical
significance disappears.
The comparison of the results of the listening test with some calculated magnitudes
(two roughness methods and loudness) shows that they are not sufficient to completely
explain the perceived dissonance. Furthermore, the perceived unpleasantness of a
sound can depend on many other factors and they can have a cross-influence.
7.5. CONSONANCE AND DISSONANCE: EXPERIMENT II 103
7.5 Consonance and Dissonance: Experiment II
Introduction and Method
Just as for the experiment of section 7.4, an analysis of the perceived dissonance of
technical sound was carried out.
This experiment focused on a case where two machines are switched on and are
running at the same time but at different speeds. Under these circumstances, the noise
produced by each of the machines will be different, especially the pitch. The influence
of the noise level and the level of individual tones was analyzed. The stimuli were
synthesized as to create sounds that have many tonal components (like the switched
reluctance machines) and a background noise as well which is similar to the noise
produced by bearings, as it is the case with real machines.
Two different methods were used to ask the listeners about the perceived disso-
nance in this test. These two methods differ slightly , mainly in terms of the kind
of stimuli they can be used for, i.e. prothetic or metathetic stimuli (as presented in
section 1.4.3). The methods are: the category partition and the absolute magnitude
estimation.
The first method, the Category Partition (CP), involves five main categories
with labels ranging from not at all dissonant to very dissonant as presented in figure
7.1 [Ges97][Ste00].
For the second method, the Absolute Magnitude Estimation (AME), the
listeners were asked to provide a numerical value, that represents the perceived dis-
sonance, as an answer [Ges97][Ste00].
7.5.1 Stimuli
The test subjects listened two times to 28 different stimuli that were presented in
random order. 27 stimuli were harmonic complex tones with tones at different levels,
as shown in table 7.12. The fundamental frequency for Motor I was 200 Hz. For
Motor II a different fundamental frequency was used, depicted as semitones12 in the
table.
A noise component was added to each stimulus (the same noise for each stimulus),
to make it sound more realistic. The noise added roughness and modulation to the
stimuli. The level of the noise had two different levels which are also shown in table
12Semitone: a semitone is the smallest music interval in western music. A semitone has a frequency
interval of
12
√
2. In music frequency ratios are called intervals. Most of the time, these intervals
are measured and expressed as a distance in semitones. In this work the concepts frequency ratio,
distance or interval are often used instead of semitones.
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Frequency in Hz
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Stimulus 14
Stimulus 15
100 200 400 1k 2k 4k 6k
-90
-80
-70
-60
-50
-40
-30
Figure 7.19: Spectrum of stimulus number 14 and 15
7.12. One stimulus (stimulus 28) ) consisted of this background noise alone. This
stimulus was only taken into account for the analysis of the influence of the noise
level on the dissonance.
The spectrum of two stimuli (Stimulus 14 and 15) is presented, as an example, in
figure 7.19.
Each stimulus had a duration of 3 s and was presented to the listeners via head-
phones in a quiet room. The stimuli had a mean loudness of approximately 23 sone
(24 - 36 sone).
7.5.2 Listeners
18 listeners with normal hearing participated in this test. All of them were students
or researchers at the Institute of Technical Acoustics.
7.5.3 Instructions and evaluation
Each listener took part in both tests. Half of them did the CP first, while the other
half started with the AME.
A general instruction sheet was provided and used for both tests, where the con-
cepts of dissonance and consonance were explained using the following sentences (here
the original German text with a translation into English):
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Table 7.12: Table with information about the 28 stimuli. The fundamental frequency
of Motor I was 200 Hz. The relative levels of each of the 8 harmonics are shown
for both machines. The fundamental frequency for the second motor is indicated
in relation to the speed of Motor I in semitones. The red cursive fields show the
parameters that were changed for each stimulus
Motor I Semi- Motor II
File Tone amplitude tones Tone amplitude Noise Level
1 4 4 3 6 10 0.2 10 6 5 4 4 3 6 10 0.2 10 6 0.5
2 4 4 3 6 10 0.2 10 6 2 4 4 3 6 10 0.2 10 6 0.5
3 4 4 3 6 10 0.2 10 6 1 4 4 3 6 10 0.2 10 6 0.5
4 4 4 3 6 10 0.2 10 6 0 4 4 3 6 10 0.2 10 6 0.5
5 4 4 3 6 10 0.2 10 6 0 4 4 3 6 10 0.2 10 6 0.2
6 4 4 3 6 10 0.2 10 6 -1 4 4 3 6 10 0.2 10 6 0.5
7 0 4 3 6 10 0.2 10 6 -1 0 4 3 6 10 0.2 10 6 0.5
8 10 4 3 6 10 0.2 10 6 -1 10 4 3 6 10 0.2 10 6 0.5
9 4 4 3 6 10 0.2 10 6 -2 4 4 3 6 10 0.2 10 6 0.5
10 0 4 3 6 10 0.2 10 6 -2 0 4 3 6 10 0.2 10 6 0.5
11 4 0 3 6 10 0.2 10 6 -2 4 0 3 6 10 0.2 10 6 0.5
12 10 4 3 6 10 0.2 10 6 -2 10 4 3 6 10 0.2 10 6 0.5
13 0 0 3 6 10 0.2 10 6 -2 0 0 3 6 10 0.2 10 6 0.5
14 0 0 3 6 10 0.2 10 6 -2 0 0 3 6 10 0.2 10 6 0.2
15 4 4 3 6 10 0.2 10 6 -4 4 4 3 6 10 0.2 10 6 0.5
16 4 4 3 6 10 0.2 10 6 -5 4 4 3 6 10 0.2 10 6 0.5
17 4 4 3 6 10 0.2 10 6 -5 4 4 3 6 10 0.2 10 6 0.2
18 0 4 3 6 10 0.2 10 6 -5 0 4 3 6 10 0.2 10 6 0.5
19 4 0 3 6 10 0.2 10 6 -5 4 0 3 6 10 0.2 10 6 0.5
20 0 0 3 6 10 0.2 10 6 -5 0 0 3 6 10 0.2 10 6 0.5
21 0 0 3 6 10 0.2 10 6 -5 0 0 3 6 10 0.2 10 6 0.2
22 4 4 3 6 10 0.2 10 6 -6 4 4 3 6 10 0.2 10 6 0.5
23 4 4 3 6 10 0.2 10 6 -7 4 4 3 6 10 0.2 10 6 0.5
24 4 4 3 6 10 0.2 10 6 -7 4 4 3 6 10 0.2 10 6 0.2
25 4 4 3 6 10 0.2 10 6 -11 4 4 3 6 10 0.2 10 6 0.5
26 4 4 3 6 10 0.2 10 6 -12 4 4 3 6 10 0.2 10 6 0.5
27 4 4 3 6 10 0.2 10 6 -12 0 4 3 6 10 0.2 10 6 0.5
28 0 0 0 0 0 0 0 0 - 0 0 0 0 0 0 0 0 0.5
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Konsonanz - Dissonanz: Konsonant sind Geräusche oder Klänge die klar,
wohlklingend und harmonisch klingen. Im Gegenteil sind dissonante
Geräusche solche, die nach Auflösung streben und deren Klang getrübt
wirkt.
Consonance - Dissonance: Sounds or noise that sounds clear, pleasant and
harmonic are called consonant. On the other hand, dissonant sounds are
sounds that seem to strive for their dissolution and that sound blurred.
In addition,the participants received another instruction sheet for each of both
tests (CP and AME) explaining the test procedure.
Prior to the actual test, some samples of recorded sounds of a SRM were presented
as well as some stimuli from the listening test, so that the listeners would know what
kind of sounds they were about to hear.
7.5.4 Reliability of the test
Each stimulus was presented to each listener two times. It was thus possible to
calculate the difference in the answers for both presentations, for each of the 27
stimuli. In other words, each series of 27 answers can be seen as a point in a 27
dimensional space. The distance between these two points can thus be calculated. If
a listener answered very consistently, the two points are close together. On the other
hand , a huge distance between the two points occurs when the listener attributed
different values to a certain stimulus each time he or she listened to it. This distance
criteria was used to check the reliability of the answers given during the test. Two
listeners showed a relative high dissimilitude in their answers in both test. Their
answers were therefore not taken into account for further evaluations.
7.5.5 Results
Every listener took part in both tests (CP and AME) so that it was possible to
compare the results obtained by using two different methods.
The analysis of the results of the listening test will chiefly focus on the mean values
of all the listeners. The next few paragraphs will, however, deal with the individual
results. Figure 7.20 and 7.21 show the results of the 16 listeners for the 27 stimuli.
The value on the y-axis of figure 7.20 (CP test) is the mean of both presentations
of each stimulus. The geometric mean of both answers was used for the plot in figure
7.21. The logarithm was calculated afterwards, since the AME method should provide
results that are ratio scaled [Ges97][Ste00]. The individual results were normalized
to create a comparable plot.
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Figure 7.20: Results of the CP test for the 16 listeners (one listener on each plot). On
the y-axis are the values of the mean between both presentations of each stimulus.
On the x-axis are the 27 stimuli
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Figure 7.21: Results of the AME test for the 16 listeners (one listener on each plot).
The normalized log() values of the geometric mean between both answers, for the 27
stimuli (x-axis), are on the y-axis
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Table 7.13: Correlation coefficient between CP and
AME for the 16 listeners. The value in italics is
the only one which is not statistically significant
Correlation Coefficient (ρ)
0.88 0.88 0.73 0.65 0.75 0.64 0.53 0.77
0.39 0.89 0.88 0.66 0.41 0.54 0.09 0.78
Table 7.13 shows the correlation coefficients between the answers from both tests
for each listener. Only one out of the 16 listeners showed almost no correlation be-
tween both tests. The correlation was considerable higher and statistically significant
for all other participants. It can be concluded that the response to the perceived
dissonance was similar for both testing methods.
The approach that was taken to assess the listening test described in the preceding
section was also used for the second method. That means that a more thorough and
detailed analysis is based on the mean values of all the listeners instead of working
with the single answers of the listeners individually.
The mean of all listeners was calculated for both tests to create the plot shown
in 7.22. The curve of the AME test was scaled for plotting purposes (see caption in
figure 7.22 for more details).
It becomes evident that both curves have a very similar form, showing maxima and
minima for the same stimuli. This is also reflected by the high correlation coefficient
ρ = 0.95.
Dependence on frequency ratio
The stimuli definition presented in table 7.12 also yields information about the fre-
quency ratio between both harmonic complex tones (in semitones). Figure 7.22 shows
clearly that some stimuli have a lower dissonance than others. Stimulus 4 and 5, 23
and 24 and 26 and 27 for example are on a “local minima”. Table 7.12 indicates
that these are stimuli with a frequency ratio between both motors of 0, 7 and 12
semitones respectively. It is well-known from music theory that these are ratios that
are perceived as consonant. These ratios are equivalent to the local maxima shown
in figure 6.3 in section 6.2. The dissonance is lower for the distance of 5 semitones
(stimulus 1 and 16 to 21) than for other ratios as well. It is important to notice that
the x-axis of the plot in figure 7.22 differs from the x-axis of the plot described in
section 6.2. A continuous plot for frequency ratios between unisono and the octave is
plotted in section 6.2 while figure 7.22 shows the dissonance for only some semitones.
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Stimuli Nr.
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ce
Mean of 16 listeners
ρ = 0.95
mean(log(AME))
CP: mean(CP)
AME: mean(log(AME))
1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27
Figure 7.22: The mean value of all listeners for both tests is presented. The curve for the
AME test was created by calculating the arithmetic mean of the normalized values
presented in figure 7.21. that are scaled (by a factor of 29) to have the same mean
as the CP curve to be fitted into the same plot. The correlation coefficient between
both curves is ρ = 0.95
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Some of them appear several times, as defined in the table.
The result of an unbalanced ANOVA13 for which the semitone-distance is given as
a parameter to group similar stimulus, confirms that the stimuli with a distance of 0,
7 or 12 semitones are statistically different from the rest. This result is significant for
both tests. The dissonance is also lower for the distance of 5 semitones than for most
of the other “dissonant” stimuli. This can also be seen in 6.3 as a local maximum
(frequency ratio 3:4).
Dependence on noise level
Another parameter that was changed for some stimuli was the level of the background
noise (from stimulus 4, 13, 16, 20 and 23 to 5, 14, 17, 21 and 24 respectively). The
change in level resulted in a significant change in the perceived dissonance. The
difference is about half a category in the CP-test.
During both tests, a stimulus containing only the background noise was presented
to the listeners as well. The sound pressure level of the noise alone was 83 dB for the
high level and 74 dB for the low level.
The mean dissonance of stimulus 28 is similar to that of stimulus 5 or 24. Those
are the two stimuli that have the same pitch for both motors (unisono and octave).
This means that the background noise had a relative high dissonance, since the value
is just between the categories “small dissonance” and “medium dissonance”.
Dependence on tone level
The last parameter that was changed was the level of some of the tonal components.
The influence on the perceived dissonance is analyzed with an ANOVA only for the
level of the fundamental. The stimuli that were analyzed are: 7, 10 and 18 with no
fundamental, 6, 9 and 16 for the fundamental with normal amplitude and the stimuli
8 and 12 for a sound with an amplitude that is about 6 dB higher than in the normal
case. There is tendence towards a higher dissonance for higher tone levels, but it is
not entirely clear since this is only significant for one test (CP).
13Unbalanced ANOVA: an Analysis of Variance for data with a different number of elements in
each group. In this case, the number of stimuli is different for each semitone-distance.
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Table 7.14: Four models for the dissonance from the listening test
(AME). R
2
(adjusted coefficient of determination) is the per-
centage of the variance or variability of the data that is explained
by the model
Stat. signif.
Model 1 (R2 = 0.87)
Tonality
0Roughness
Hearing Model Roughness
Model 2 (R2 = 0.75)
Tonality
0
Roughness
Model 3 (R2 = 0.71) Tonality 0
Model 4 (R2 = 0.67) Roughness 0
Relation between Dissonance and Psychoacoustic Magnitudes
As for the first experiment on dissonance (section 7.4), a linear regression model was
calculated for the results of the listening test (AME14) using the calculated psychoa-
coustic parameters as independent variables. The variables, starting with the “most
important” for the regression model, were added until there was no significant change
in R
2
. In this case the two principal variables are tonality and roughness, followed by
the hearing model roughness. Roughness is also presented individually in the table,
because R
2
is not so much lower than that of tonality. The results are shown in table
7.14.
The results from the linear regression models are plotted in figure 7.23 as a scatter
plot. The results from the listening test are on the x-axis and on the y-axis are the
results from the model Y(estimated). The dotted diagonal line shows where the results
from a perfect model should be.
7.5.6 Conclusions
In this test, the perceived dissonance was measured for sounds synthesized as machine
noise. Two methods were used for the test: AME and CP Scale. The results of both
test methods are in agreement, and it is not possible to conclude whether there is a
linear or a logarithmic relation between both results.
The perceived dissonance also concurs with the results known from music theory,
14Since the results from both tests (AME and CP) are so similar, the linear regression analysis
was done only with the results from the AME test.
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Figure 7.23: Scatter plot for the four linear regression models presented in table 7.14
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which are mostly explained by the roughness (more than one tonal component in
a critical band). This underlined by the low values of perceived dissonance for a
distance between both machines of 0, 5, 7 and 12 semitones.
Since the background noise that was added to all stimuli, was also rough, the
background noise also had an influence on the perceived dissonance.
The importance of the tone level on the dissonance is not entirely clear due to
the small changes in the perceived dissonance for a change of 6 dB in the level of the
stimulus.
7.6 Line Length Estimation
One of the previous chapters deals with the fact that the exponent of the psychophysic
function (see section 1.4.2) is dependent on the type of stimuli that is used (loudness,
temperature, weight, etc.). The function that is of interest for researchers is the
psychophysical law, which can not be measured directly, because the results from
the experiment are modified by the individual response function f2(ψ). It has been
shown that experiments using the length of a line as a stimulus can be used to
“calibrate” the sensory response law[Ges97]. Stevens has shown that the exponent of
the psychophysical function for the line length estimation is one (1). This is also the
exponent for the more or less “natural” case of the estimation of a the magnitude of
numbers.
These exponents, and several others, were also obtained with cross-modality ex-
periments, where test subjects had, for example, to adjust the brightness of a light
until it was equivalent in its intensity to the loudness of a fixed tone. In other words,
the intensity of one type of stimuli had to be matched with the intensity of a stimuli
of another modality[Ste00].
14 of the listeners of Tonalness: Experiment II (section 7.3) took part in an extra
experiment that was performed to compensate the measurement distortion that was
caused by the individual response function R = f2(ψ) (See definition on page 15).
The listeners had to evaluate the length of 10 lines, presented one after another,
on a computer screen. The method was also an absolute magnitude estimation with a
reference line with a reference value of 100. It is variance on psychophysical functions
should be reduced after correcting the results from the tonalness experiment with the
individual data from the line length estimation experiment. This did not happen to
the data from this experiment. The results of such a successful correction procedure
are shown on page 284 in [Ges97].
Possible reasons for the unaltered quality of the experiment after this correction
could be that the original variance is too high, so that the correction is not noticeable
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or that the line length estimation experiment did not provide enough suitable data.
This can be put down to the low number of estimations that each person had to
perform (10) or the conditions, as the lines were presented in a rather limited space
(PC screen).
Chapter 8
Conclusions
The vibration and noise radiation of a 8/6 switched reluctance machine were analyzed
for this dissertation. A switched reluctance machine was modeled and measured.
The measurement was not carried out directly on the stator surface but on the
housing surface. The numerical model only included the stator without taking the
housing into account. The results, however, from the measurements and the modeling
are in concordance. Due to the cylindrical form of the stator and the position of
the stator teeth, the main vibration of a 8/6 machine is the superposition of two
cylindrical mode2 vibrations.
The frequencies of both principal vibration modes are not identical due to the
geometrical characteristics of the machine. A comparison of two machines of the
same type also showed that the resonance frequencies are not exactly the same for
a identically constructed machine. This makes it more difficult to define a machine
control strategy that can reduce the noise and vibration of every machine, because it
would be necessary to fine tune or adapt the parameters for each motor. But if this
is done, a considerable noise reduction can be obtained for a low torque operating
point.
On the perception side of the noise problem some experiments were carried out for
switched reluctance machines. The main resonance frequency of the machine as well
as the harmonic components of the radial force that is applied to the stator result
in noise that has many tonal components. The results of a listening test done using
recorded sounds from several SRM of different sizes and at different speeds show that
tonalness is an important component in the annoyance analysis of noise. As for many
technical noise sources, loudness is still the most important parameter but the relative
importance has to be evaluated further.
It is clear that an optimization strategy for the noise problem has to be identified
individually for different machines (that differ in size, teeth number, speed range,
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etc.). “The optimization” strategy for SRM does not exist.
As far as the measurement techniques were concerned, some efficient procedures
were proposed and used to measure the vibration and resonance of the machine.
The motor surface is scanned with a laser scanning vibrometer, while one electrical
phase is powered. The rotor is fixed in an aligned position for this measurement. A
broad-band signal (e.g. an impulse) is used as current signal. The impulse response
between the current (or force on the stator teeth) and the surface vibration (velocity)
can be derived from this measurement. If the signal is applied consecutively to all
electrical phases of the machine and if the surface velocity measurement is repeated
for several points around the stator, a complete description of the vibration modes
of the machine can be obtained. This information can then be used as input data
for the numerical computation (using the boundary element method) of the radiated
sound.
The measurement showed, as mentioned before, that the most important vibration
is a cylindrical mode2 vibration. The analysis of the measurement shows also clearly
that the vibration intensity is not equally distributed over the length of the stator.
The vibration of the cylindrical modes are superposed with modes in axial direction.
Detailed and precise information about the vibration characteristics of the stator
can also be used when a machine has to be mounted or attached to a structure e.g.
as part of a bigger device or machine.
A listening test was carried to evaluate the tonalness. One of the purposes of
this test was to compare the quality of the different objective tonalness calculation
methods. The stimuli used were synthesized sounds with single tones in an harmonic
series that were added to background noise.
The objective tonalness calculation algorithms are mostly divided into two main
steps. First, the tone or tones of the signal have to be identified. Afterwards the tonal-
ness calculation is carried out. The tone identification and detection of algorithms,
that were tested, are both very robust and yield almost the same results.
The calculation method that fits the data from the listening test was the one
proposed by Aures that has a correlation coefficient of 0.96. The German standard for
tonalness calculation DIN45681 cannot be compared with the results from a listening
test, since it provides only a “tone adjustment value” (one of seven different possible
values).
The correlation between tonalness and annoyance is very high for the stimuli used
in this experiment (all have the same loudness). It could thus be concluded that
the listeners could not distinguish both terms (tonalness and unpleasantness) or that
tonalness is a key factor of the perceived unpleasantness/annoyance of sounds. The
results from listening tests presented in this work show that the correlation between
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Figure 8.1: Diagram resuming the chain from the electric circuit in the machine to the
radiated sound used for listening tests
tonalness and unpleasantness is not high for every stimulus, corroborating the idea
that a high tonalness render the stimuli more unpleasant (keeping other parameters
more or less constant).
The results from the tonalness experiments also show that the perceived tonalness
does not change significantly when the fundamental and first harmonic are removed
(missing fundamental) while adding higher harmonics does.
A change of 6 dB in the tone to noise ratio as well as a change in the spectral
shape produces significant variations in the perceived tonalness.
Experiments on consonance and dissonance of technical sounds showed a concor-
dance with the consonance concept in music. Two machines driven at speed ratios
that are comparable to consonant music intervals are perceived as consonant. This
agrees with the fact that mostly dissonant intervals are also perceived as having high
roughness. It is also in concordance with the results of the comparison of the listening
test with the objective psychoacoustics parameters. Roughness is the most important
parameter.
An analysis of the changing level of the noise components of the stimuli used in the
experiment highlights the importance of roughness for the perception of dissonance.
The (background) noise used was the same for all the stimuli and was synthesized to
be perceived as rough and could have one of two different levels. A change in the level
of the noise, and as a consequence a change in the level of the roughness, produced a
different perceived dissonance.
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This means that not only the frequency interval between the tonal components of
two noise sources are of importance, but that noise parts with high roughness exist.
Chapter 9
Outlook
The measurements of the SRM that were carried out, the acoustically optimized
control strategies for the SRM as well as the results of the listening tests, that showed
that noise with tonal components as well as dissonance noise is annoying, give a fresh
impetus to the development of machines that are better from an acoustic point of
view.
During the first stage of designing a machine, the finite element and the boundary
element methods can be used to predict the vibration and noise radiation. If existing
machines should be improved, the control loops of the machine can be changed and
adjusted. Depending on the application and possible operation points of the machine
a considerable noise reduction can be achieved, mostly for low load operation points.
Motors that are used as drive for a vehicle are a good example for this. For most
of the time they are used below some critical range, where the noise produced is
considerable. In the case of the SRM, there is a range where noise can be reduced
for operation points that are below the maximum load with only a small decrease
in efficiency. The question of which aspect should have priority, energy efficiency or
noise reduction, should be evaluated for each case. This decision could even be taken
by the user him- or herself (consumer) as well.
These possibilities have to be considered by the engineers when designing or im-
plementing a new machine and its control unit. At this point the message for them
should be to also look at questions such as what are the characteristics of the human
hearing system and what is the human behavior like. In other words psychoacous-
tical issues should be taken into account. Engineers could, for instance, look at the
reaction of many listeners to the problem (this approach would satisfy the expecta-
tions of the mean listener) or look at the individual characteristics of each listener,
which would require an active intervention of him until an (individual and custom-
built) optimum is reached. This alternative is well known in the music entertainment
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industry. One example are the different equalization alternatives in a hi-fi system.
Some devices do not have any, some, however, have a few presets while others are
completely customizable. Another example, in this case from the car industry, are
the different “drive modes” such as comfort, normal or sport for the gearshift. Some
cars have it, others do not. The customer or consumer can choose. This could be an
added value for a product.
When it comes to psychoacoustical experiments, there are some aspects that have
to be resolved. Experiments that were carried out in the laboratory will always be
criticized, as people tend to say that “these experiments are too far away from reality”.
The basic descriptors in psychoacoustics are more or less well known (psychoacous-
tical magnitudes) as well as the different test methods and their particular advantages
and drawbacks.
The first experiments in psychoacoustics were carried out some decades ago and
dealt with the basic psychoacoustical magnitudes mentioned-above their just notice-
able differences, perceptual ranges, thresholds, etc. Further experiments tried to
identify some “higher” psychoacoustical magnitudes (for example a combination of
some of the basic or lower magnitudes) or to classify sensations as annoyance or
disturbance. Nowadays experiments are realized in such a way that they are more
realistic. Therefore the stimuli used are more realistic as well. A stimulus is no
longer simply presented to the listener. A meaning is given to the stimulus. The
listener has to imagine him- or herself in a situation where the stimuli could occur
(this can be achieved by providing the listeners for example with detailed instructions
and explanations of the experiment) or the experiment has to be done in the location
where the noise is present. To realize an experiment under these conditions can be
very difficult. Many external factors, that are not present in experiments done in the
laboratory, may influence the behavior of the listener, making the evaluation of the
results more difficult. A compromise between both cases is to realize experiments in
a virtual reality scenario. This would move the listener into a virtual world, where
he or she can, for example see, listen to and interact with objects as in the real world
while the factors that may distract the listener are more or less under control. The
reproducibility of the experiment is ensured in such a case as well.
The approach of the automotive industry that was described above, could also
be taken for products of other branches of industry. Starting from a simple ener-
getic problem (noise and vibration) of a product, engineers can subsequently deal
with an optimization of the product that takes the perceptual and psychoacoustical
characteristic of the listeners/users into account.
Furthermore analyzing the psychoacoustical parameters can be continued to find
out the limits of the applicability of these parameters. It was already mentioned
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before that the information provided by sound or noise (which make it possible to
identify or recognize it) depends on several aspects as well as on the previous expe-
rience with this sound and the expectations of the listener. That is why it would
certainly be interesting to look at, for instance, the question of whether the perceived
tonalness of two stimuli, that have exactly the same calculated tonalness, differ. This
could be the case when the sound produced by a flute and an electrical machine are
compared. In other words an inverse approach will be taken: instead of finding out
which psychoacoustical parameter reflects the response of several listeners to some
stimuli best, stimuli are used that have the same value of the psychoacoustical vari-
able (e.g. tonalness) but sound very different and also originate by from very different
sources.
Psychoacoustics, human perception and preferences, sound quality and other cog-
nitive sciences will continue to be fields of interest for researchers in the next decades.
Too many questions are still unanswered about learning, cultural background, change
in preferences, etc. New investigation methods and tools are being developed that
open possibilities that were unthinkable a few years ago. Tools that help to simulate
situations and environments while the reaction of a person and in parallel the brain
activity is recorded and analyzed. These are areas involving mainly basic sciences
but as usual, with important consequences for the applied sciences and industry.
Chapter 10
Zusammenfassung
Diese Arbeit stellt das Thema der Geräuschentstehung und -wahrnehmung von tech-
nischen Geräuschen vor. Als Fallbeispiel dient die Geschaltete Reluktanzmaschine.
10.1 Einführung
In der Einführung, wird als erstes die Geräuschproblematik vorgestellt. Probleme
tauchen z.B. dann auf, wenn nach einer Definition von Geräusch bzw. Lärm (noise)
gesucht wird, weil oft unterschiedliche Ansätze und Anwendungen gegenübergestellt
werden. Probleme treten auch dann auf, wenn gesetzliche Grenzen gesetzt wer-
den müssen, die Personen vor zu hohen Geräuschpegeln schützen. Ein rechtlicher
Schutz vor schädlichen Geräuschen ist wohl unumstritten. Aber vor allem dann,
wenn keine unmittelbaren gesundheitlichen Probleme auftreten, sondern sich Perso-
nen eher belästigt fühlen, erscheint wieder ein Problem, weil (subjektive) Meinungen
zu bewerten sind. Es folgen eine Darstellung der Grundfunktionalität des Gehörs und
eine Definition von Psychoakustik. Es wird auch erklärt, welche psychoakustischen
Größen für die Beschreibung von Geräuschen oder Geräuscheigenschaften gebraucht
werden. Diese Größen, wie z.B. Lautheit, Tonhöhe, Rauigkeit und Schärfe, werden
kurz präsentiert. Zwei weitere Eigenschaften, die für die Beschreibung von komplex-
eren Sinneswahrnehmungen dienen können, werden erläutert. Diese sind der sen-
sorische Wohlklang und die Klangfarbe. Ein wichtiger Begriff in der Physiologie des
Gehörs ist die Frequenzgruppe. Eine Frequenzgruppe ist, einfach erklärt, ein Band-
passfilter in der Cochlea. Das Gehör besitzt mehrere dieser Filter, welche parallel
geschaltet sind. In jeder dieser Frequenzgruppen wird das gehörte Signal bearbeitet
(Frequenz- und Zeitstrukturanalyse). Viele der wichtigen Eigenschaften des Gehörs
haben ihre Ursache innerhalb der Frequenzgruppen und können hierdurch erklärt
werden (Lautheitsummation, zeitliche und Simultanverdeckung, Rauigkeit, usw.).
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In einem weiteren Abschnitt werden die Konzepte der Geräuschwahrnehmung
und der Geräuschqualität (sound quality) diskutiert. Die Wahrnehmung, aber vor
allem das Empfinden von Geräuschen ist sehr abhängig davon, in welchem Verhältnis
man zu der Geräuschquelle steht. Der Nutzer eines (z.B. lauten) Gerätes wird das
Geräusch evtl. nicht als so lästig empfinden wie es ein „passiver Mithörer“, (z.B.
ein Nachbar), tun würde. Hier spielt unter anderem die „Information über den Zu-
stand der Quelle“, die ein Geräusch transportiert, eine wichtige Rolle. Andererseits
können akustische Eigenschaften im Produktdesign berücksichtigt und/oder gezielt
eingesetzt werden. Hierfür werden z.B. auch die genannten psychoakustischen Größen
eingesetzt. Das nächste Unterkapitel beschäftigt sich mit der Psychophysik und der
Wahrnehmungstheorie. Zuerst wird das Arbeitsfeld der Psychophysik vorgestellt.
Danach wird die Entwicklung der Wahrnehmungspsychologie anhand der Arbeiten
von Fechner, Weber und Stevens geschildert. Daraus folgen die unterschiedlichen
Skalen und Skaliermethoden, welche dann auch in den durchgeführten Hörversuchen
benutzt wurden. Die psychoakustischen Größen Tonhaltigkeit und Konsonanz werden
am Ende dieses Kapitels einzeln vorgestellt, weil sie von großer Wichtigkeit für diese
Arbeit sind. Beide Konzepte werden in einem späteren Kapitel noch mal im Detail
definiert.
10.2 Geschaltete Reluktanzmaschine
Im zweiten Kapitel wird die Geschaltete Reluktanzmaschine (GRM oder SRM vom
englischen „Switched Reluctance Motor“) vorgestellt. Vorteile der GRM sind die
relativ einfache Bauweise und Robustheit. Nachteilig ist, dass sie in vielen Fällen
Geräusch- und Schwingungsprobleme aufweist und programmierbare Bauteile bzw.
Leistungselektronik für die Regelung benötigt, was die Komplexität und die Kosten
erhöhen kann. Das Drehmoment wird bei Geschalteten Reluktanzmaschinen durch
die Reluktanzkraft (Reluktanz = Magnetischer Widerstand in einem magnetischen
Kreis) erzeugt, im Gegensatz zur Lorentzkraft, wie bei anderen elektrischen Motoren.
Sowohl der Rotor wie auch der Stator einer GRM haben Zähne, doch nur die Stator-
pole sind mit Spulen versehen. Das Bestromen der Spulen erzeugt einen magnetischen
Kreis durch Stator und Rotor. Der Rotor dreht in die Richtung, in der die Reluk-
tanz kleiner wird, d.h. in die Richtung, bei der sich die überlappenden Flächen von
Stator- und Rotorzahn vergrößern. Die Steuerung der Maschine schaltet dann auf die
nächste Phase um, um diesen Zyklus zu wiederholen. In diesem Kapitel wird auch
die Drehmomententstehung abgeleitet.
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10.3 Geräuschentstehung bei Geschalteten Reluk-
tanzmaschinen
Ein Problem der GRM ist die Geräuschentstehung. Geräusch- und Vibrationsquellen,
die im Allgemeinen bei elektrischen Antrieben vorhanden sind, werden kurz
vorgestellt. Dies sind z.B. Töne mit der Umrichterschaltfrequenz, oder Lager- und
aerodynamische Geräusche. Besonders problematisch bei der GRM ist, dass die Re-
luktanzkraft nicht nur das gewünschte Drehmoment erzeugt, sondern auch radiale
Kräfte (um den Luftspalt zwischen Stator- und Rotorzahn zu minimieren). Bei
einer 8/6 GRM (8 Stator- und 6 Rotorzähne) wirken die Kräfte gleichzeitig auf zwei
gegenüberliegende Statorzähne. Mit dem Umschaltvorgang der aktiven elektrischen
Phase verschiebt sich der Ort auf dem die Kraft wirkt auf das nächste Statorzahnpaar.
Dieser sich wiederholende Schaltvorgang erzeugt eine zeitlich und örtlich verteilte
wechselnde Kraftanregung auf dem Stator. Außerdem beinhaltet die radiale Kraft
viele harmonische Komponenten (Obertöne), was zu einer hohen Tonhaltigkeit führt.
10.4 Simulation und Messung an einer Geschal-
teten Reluktanzmaschine
Im vierten Kapitel werden die Ergebnisse aus der Simulation und den Geräuschmes-
sungen an der GRM gezeigt. Der Motor, bzw. sein Stator und Gehäuse werden
in einem ersten Schritt als ein hohler Zylinder modelliert. Das Vibrations- und
Abstrahlverhalten eines solchen Körpers kann anhand einzelner sich überlagernder
Moden dargestellt werden. Für eine 8/6 GRM sind radiale Kräfte an zwei gegenüber-
liegenden Zähnen zu erwarten. Darum wird vor allem eine Mode-2 Schwingung an-
geregt. Die Ergebnisse der FEM und BEM Simulation eines vereinfachten Stator-
modells bestätigen dieses Schwingverhalten. Aus den Ergebnissen der numerischen
Simulation ist ersichtlich, dass sich zwei um 45° gedrehte Mode-2 Schwingungen über-
lagern. Messungen wurden in zwei unterschiedlichen Konfigurationen durchgeführt.
Als erstes wurden Messungen mit blockiertem Rotor durchgeführt, danach wurden
Messungen in normalem Betrieb durchgeführt. Die Messungen mit blockiertem Rotor
dienen dazu, eine reproduzierbare Anregung zu haben, um Messungen mit variieren-
dem Messpunkt wiederholen zu können. Gemessen wurde die Oberflächenschnelle
am Stator mit einem Laser Scanning Vibrometer. Gleichzeitig wurde der abges-
trahlte Luftschall mit einem Mehrkanalsystem (Viertelkreis-Mikrofonbogen mit 19
Mikrofonen) aufgenommen. Gemessen wurde, indem die Spulen der einzelnen elek-
trischen Phasen mit einem breitbandigen Signal bestromt wurden (Sweep, Impuls
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oder Rauschen). So ist es möglich, mit hoher Genauigkeit die Resonanzfrequenzen
der Moden, deren örtliche Ausrichtung (Maxima und Minima), die relative Phasen-
verschiebung, usw. zu ermitteln. Für die Messungen mit frei drehendem Rotor wurde
ein Prüfstand entworfen und gebaut. Als Last diente eine Wirbelstrombremse. Ein
Vorteil der Wirbelstrombremse ist, dass die Lastmaschine gut vom Antrieb entkop-
pelt werden kann, und somit die Messung nur geringfügig vom Körperschall der Last
gestört wird. Ein Regelungskreis steuert den Strom und somit die Last der Bremse.
Die Auswertung der Messung bei sich drehender Maschine hat sich als wesentlich
aufwendiger als erwartet gezeigt, da sie von vielen externen Parametern gestört wird.
Als größte Schwierigkeit zeigte sich die nicht perfekt gleichmäßige Drehzahl, was die
Ermittlung der relativen Phasenverschiebung der gemessenen Signale vor allem bei
hohen Frequenzen erschwert.
10.5 Steuerstrategien bei Geschalteten Reluktanz-
maschinen
Im fünften Kapitel werden akustisch optimierte Steuerstrategien für eine GRM
vorgestellt. Die Mess- und Simulationsergebnisse der Vibration und Abstrahlung
der GRM ermöglichen es, das Geräusch für alle möglichen Betriebspunkte (d.h. für
beliebige Stromsignale) zu simulieren. Die vom Hersteller als Standard implemen-
tierte Steuerstrategie und drei weitere Steuerstrategien wurden verglichen, indem der
Schalldruck für unterschiedliche Betriebspunkte (Drehzahl, Drehmoment) simuliert
wurde. Mehrere psychoakustische Größen wurden für jeden dieser Betriebspunkte
berechnet. Eine Auswahl aus Betriebspunkten mit großen Unterschieden in den psy-
choakustischen Größen wurde in einem Hörversuch von 31 Personen in Bezug auf die
Unangenehmheit bewertet. Die Ergebnisse zeigen, dass bei geringem Drehmoment
die Lautheit (und auch der Schalldruckpegel) reduziert werden können. Bei höheren
Lasten ist der Unterschied in der Stromsignalform zwischen der Standardstrategie und
den akustisch optimierten Strategien gering, und darum verschwindet auch der Vorteil
der neuen Steuerungsmethode. Außerdem wird aus dem Versuch klar, dass objektive
psychoakustische Größen wie der sensorische Wohlklang nicht universell eingesetzt
werden können. Abhängig z.B. vom Kontext oder der Art der Stimuli, können die
Ergebnisse von Hörversuchen im Einklang (mit sehr hohen Korrelationskoeffizienten)
oder völlig gegensätzlich zu den objektiven psychoakustischen Größen sein.
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10.6 Tonhaltigkeit und Konsonanz
Geräusche mechanischen Ursprungs weisen als Folge sich periodisch wiederholender
Bewegungen (oder Prozesse) oft tonale Komponenten auf. Darum sind für die Bew-
ertung und Analyse von technischen Geräuschen die psychoakustischen Größen Ton-
haltigkeit und Konsonanz-Dissonanz interessant. Geräusche sind tonhaltig, wenn
z.B. Spitzen (Töne oder Schmalbandrauschen) im Spektrum auftreten. Die Ton-
haltigkeit hängt bei Schmalbandrauschen hauptsächlich vom Pegel und der Bandbre-
ite des Rauschens, bei einzelnen Tönen nur vom Pegel ab. Wenn zusätzlich Breit-
bandrauschen im Signal auftritt, ist die Tonhaltigkeit auch vom Verhältnis zwischen
Ton- und Rauschpegel abhängig. Es werden die Methoden zur Berechnung der Ton-
haltigkeit nach Aures und der Deutschen DIN-Norm vorgestellt. Wenn mehr als nur
ein Ton hörbar ist, kann der Klang oder das Geräusch als konsonant oder dissonant
empfunden werden, abhängig vom Frequenzverhältnis zwischen beiden Tönen. Wenn
mehrere Töne auftreten, muss vor allem die Interaktion (Frequenzverhältnis) zwis-
chen jedem einzelnen Ton berücksichtigt werden, um die Konsonanz-Dissonanz zu
ermitteln. Beide psychoakustischen Größen, Tonhaltigkeit und Konsonanz-Dissonanz
werden in den Hörversuchen (Kapitel 8) im Detail analysiert.
10.7 Hörversuche
In diesem Kapitel werden die Ergebnisse aus mehreren Hörversuchen vorgestellt.
Dabei geht es hauptsächlich um technische Geräusche oder Geräusche mit mehreren
Tönen (in harmonischer Reihe) wie sie sehr oft bei technischen Geräten auftreten.
In einem ersten Versuch wurden Geräusche von Geschalteten Reluktanzmaschinen
verglichen und bewertet. Aufnahmen von unterschiedlichen Maschinen bei unter-
schiedlichen Arbeitspunkten wurden verwendet. Das Ergebnis des Hörversuches
zeigt vor allem, welche psychoakustischen Größen wichtig für eine Beschreibung der
Lästigkeit des Geräusches einer geschalteten Reluktanzmaschine sind. Es zeigte sich,
dass Lautheit die wichtigste Größe ist. Es folgen die Frequenzverteilung (hoch/tief)
des Geräusches, welche durch die Schärfe wiedergegeben wird, und die Tonhaltigkeit.
Diese Information wird gewonnen, indem die Ergebnisse aus dem Hörversuch mit ob-
jektiven Größen verglichen werden. Der Einfluss der Tonhaltigkeit auf das Empfinden
des Geräusches ist der Kernpunkt der nächsten zwei Versuche. Der erste ist ein
Vorversuch, um die Eignung von drei objektiven Berechnungsmethoden der Ton-
haltigkeit zu testen. Die verglichenen Methoden sind: prominence ratio, Tonhaltigkeit
nach Aures, und die deutsche DIN Norm DIN45681. Das Ergebnis zeigt eine gute
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Übereinstimmung der drei Methoden. Dabei ergab die DIN45681 den höchsten Ko-
rrelationskoeffizienten. Der Korrelationskoeffizient wurde jeweils zwischen der psy-
choakustischen Größe und dem Ergebnis aus dem Hörversuch berechnet. Für den
zweiten Tonhaltigkeits-Hörversuch wurden synthetisierte Geräusche verwendet. Die
Geräusche haben eine variierende Anzahl von Tönen (in einer harmonischen Reihe),
wobei auch der Pegel der Töne und des hinzugefügten Hintergrundrauschens geändert
wurde. Es wurden wieder zwei Methoden zur objektiven Tonhaltigkeit verglichen.
Beide Methoden zeigten wieder sehr gute Übereinstimmung untereinander und mit
den Antworten aus dem Hörversuch. In diesem Hörversuch wurde auch nach der
Angenehmheit/Unangenehmheit des Geräusches gefragt. Beide Antwortreihen, Ton-
haltigkeit und Unangenehmheit, zeigten eine sehr hohe Korrelation (Korrelationsko-
effizient = 0,96). Dies führt zur Frage, ob beide Größen nicht das gleiche Phänomen
beschreiben? Andere Untersuchungen zeigen aber, dass diese beiden Größen getrennt
werden können. Dieses Ergebnis macht deutlich, wie wichtig tonale Komponenten für
die Unangenehmheit oder Lästigkeit von Geräuschen sind. Zwei weitere Experimente
wurden durchgeführt, um eine weitere psychoakustische Größe zu untersuchen, die für
technische Geräusche noch nicht sehr verbreitet ist. Es ist das Substantivpaar Kon-
sonanz/Dissonanz. In der Musiklehre und Musikgeschichte sind diese Begriffe sehr
bekannt, doch sie wurden sehr selten für Klänge (oder Geräusche) technischen Ur-
sprungs verwendet. Die empfundene Dissonanz ist stark mit der Rauigkeit gekoppelt.
Der Höreindruck von zwei Tönen mit sehr ähnlicher Frequenz (zwei Töne in einer
Frequenzgruppe) wird als Rauigkeit empfunden. Rauigkeit ist aber auch abhängig
von Amplituden- und Frequenzmodulationen des Geräusches. Für beide Hörversuche
wurden Geräusche synthetisiert, basierend auf Aufnahmen von Geschalteten Reluk-
tanzmaschinen. Dabei wurde darauf geachtet, dass die Geräusche so klingen wie
reale Geräusche und nicht wie eine künstlich erzeugte Reihe von Tönen. Den Stim-
uli wurde ein Rauschsignal hinzugefügt, das dem Rauschanteil des Geräusches einer
Maschine sehr nahe kommt. Außerdem wurden die tonalen Anteile im Geräusch min-
imal aber hörbar moduliert, um eine nicht perfekt konstante Drehzahl der Maschine
zu reproduzieren. In den Hörversuchsinstruktionen, auch in den Hörversuchen zur
Tonhaltigkeit, wurde erklärt, dass es sich um Maschinengeräusche handelt, die als
solche betrachtet und bewertet werden sollten. Die Ergebnisse bestätigen die aus
der Musiklehre bekannten Fakten. Frequenzverhältnisse (Intervalle in der Musik) die
als konsonant gelten (Prim, Oktave, Quinte) werden auch als konsonant empfunden.
Doch auch andere Parameter beeinflussen die empfundene Konsonanz, wie z.B. der
Pegel des Rauschens. Im ersten der beiden Hörversuche zur Dissonanz wurde außer-
dem nach der Lästigkeit gefragt. In den meisten Fällen sind dissonante Geräusche
auch am lästigsten, was auch zu erwarten ist. Dies gilt jedoch nicht für alle Stimuli.
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Für den zweiten Versuch zur Dissonanz wurden auch der Einfluss der Frequenzverhält-
nisse, Pegel des Rauschens, Pegel der Töne, usw. untersucht. Der Hörversuch wurde
außerdem mit zwei unterschiedlichen Methoden der Psychometrie durchgeführt. Die
Versuchsteilnehmer mussten einerseits die empfundene Dissonanz in eine von 5 Kat-
egorien einsortieren (von gar nicht dissonant bis sehr dissonant). Jede dieser Kate-
gorien war, um eine noch genauere Bewertung zu ermöglichen, in 10 Stufen eingeteilt.
Andererseits wurden denselben Teilnehmern die Stimuli ein zweites Mal vorgespielt,
die Bewertung erfolgte dann mit der Methode der Größenschätzung. Dabei darf der
Teilnehmer die empfundene Dissonanz bewerten, indem er dem Geräusch irgendeinen
Wert gibt, der diese empfundene Dissonanz widerspiegelt. Die Ansätze beider Metho-
den sind unterschiedlich und sollten Ergebnisse erzeugen, die in einem logarithmischen
Verhältnis zueinander stehen. Die Ergebnisse aus diesen Untersuchungen zeigen dieses
Verhältnis nicht. Grund dafür ist womöglich die große Anzahl an Unterkategorien in
der Kategorienunterteilungsmethode. Mit weiter (breiter) verteilten Stimuli könnte
das Konsonanz-Dissonanz Kontinuum wahrscheinlich deutlicher erkennbar sein. Die
Frage ist aber, ob solche Stimuli erzeugt werden können.
10.8 Schlussfolgerungen
• Die wichtigsten Vibrationsmoden einer 8/6 geschalteten Reluktanzmaschine
wurden mit unterschiedlichen Methoden (Simulation und Messung) ermittelt.
Das größte akustische Problem ist die Mode-2.
• Für die Messungen in Betrieb wurde ein Prüfstand entwickelt und gebaut. Für
eine statische Modalanalyse wurde eine Messmethode vorgestellt, bei der man
über die elektrische Phasen der Maschine den Stator mit einer bekannten radi-
alen Kraft anregt.
• Akustisch optimierte Steuerstrategien für geschaltete Reluktanzmaschinen wur-
den getestet. Die Ergebnisse zeigen, dass bei gewissen Arbeitspunkten vieles
gewonnen werden kann.
• Aus den Hörversuchen ist ersichtlich, dass tonale Komponenten in Geräuschen
(und die damit verbunden erhöhte Lautheit) die empfundene Lästigkeit oder
Unangenehmheit erhöhen. Der Einfluss der Anzahl tonaler Komponenten und
deren Pegel auf die Tonhaltigkeit wurde untersucht.
• Maßgeblich für die empfundene Dissonanz ist die spektrale Verteilung der einzel-
nen tonalen Komponenten. Rauigkeit im Geräusch, die nicht direkt durch tonale
Komponenten erzeugt wird, hat auch einen Einfluss.
Index
ANOVA, 111
Bark-scale, 5
Basilar membrane, 4
Boundary Element Method, BEM, 32, 34
Category partitioning scale, 75
Category Scale, 16
Cochlea, 4
Consonance, 71, 106
CP Scale, 75
Critical band, 5, 8
Dendrogram, 86
Difference threshold, 13
Direct Scaling, 13, 15
Dissonance, 71, 106
Dyad, 71
Eddy current brake, 39
Equivalent Rectangular Bandwidth,
ERB, 5, 8
Finite Element Method, FEM, 32, 34
Fluctuation strength, 7
Harmonic Complex Tone, 72, 93
HCT, 72, 98
Helmholtz, H. v., 3
Indirect Scaling, 13
Just Noticeable Differences, JND, 3, 13,
14
Linear and Time Invariant system, LTI,
43
Linear regression, 77
Loudness, 63, 76
Magnitude Estimation, 16
Metathetic, 16, 103
Multiple regression, 77
Power law, 15
Prominence Ratio, 76
Prothetic, 16, 103
Radial force, 27
Reluctance, 20
Response function, 15, 114
Roughness, 7, 76
Scales, 13
Scaling, 12
Semitone, 103, 105
Sensory Euphony, 9
Sharpness, 7, 76
Sound pressure level, SPL, 5, 30
Stimuli, 2, 76
Stimulus, 2
Switched reluctance machines, SRM, 20
Timbre, 8
Tonality, 68, 76
Tonalness, 68, 76
Uniform masking noise, 82
Weber’s law, 13
Danksagung
An dieser Stelle möchte ich mich bei den Personen und Institutionen bedanken, die
auf die eine oder andere Weise zu dieser Arbeit beigetragen haben. Einige waren
direkt, andere indirekt beteiligt, und dies zu verschiedenen Zeitpunkten.
An erster Stelle möchte ich mich bei Herrn Prof. Dr. rer. nat. Michael Vorländer
für die Möglichkeit bedanken, am ITA (Institut für Technische Akustik) arbeiten
und promovieren zu können. Seine freundliche Art und Offenheit ermöglichte es
problemlos, fachliche Ratschläge einzuholen oder auch Gespräche zu anderen Themen
zu führen; beides war für meine Arbeit wichtig, richtungsweisend und motivierend.
Für die Betreuung und Unterstützung, vor allem in der Schlussphase dieser Arbeit,
bin ich sehr dankbar.
Herrn Prof. Dr. ir. Rik W. De Doncker danke ich für die Übernahme des zweiten
Gutachtens, für seine Anmerkungen und für die gelungene Zusammenarbeit zwischen
dem ISEA (Institut für Stromrichtertechnik und Elektrische Antriebe) und dem ITA.
Den Kollegen am ITA danke ich für das immer sehr angenehme Arbeitsklima,
sowie für die Unterstützung und Hilfe bei den verschiedensten Themen. Besonderer
Dank gilt Dr.-Ing. Gottfried Behler für seine Hilfsbereitschaft, für die Zeit und Geduld
alle möglichen Fragen zu beantworten und Anregungen zu geben, die viele Probleme
lösten. Ein besonderer Dank geht auch an Andreas Frank und Martin Klemenz für
die Unterstüzung, vor allem in der Anfangsphase der Arbeit. Den Mitarbeitern beider
Werkstätten und hauptsächlich Herrn Schlömer und Herrn Kaldenbach möchte ich
für die Konstruktion und Entwicklung der Messgeräte und Prüfstände danken. Ihr
Einsatz ist in dieser Arbeit dokumentiert. Meinen Diplomanden, Studienarbeitern
und studentischen Hilfskräften möchte ich ebenfalls danken: Roman Scharrer, Georg
Jansen, Sebastian Schmidt, Aurelien Michon, David Pazen.
Ein großer Teil dieser Arbeit wurde in Zusammenarbeit mit dem ISEA durchge-
führt, namentlich mit Dipl.-Ing. Knut Kasper. Von ihm habe ich viel gelernt und
gute Ratschläge für die Dissertation erhalten. Ich habe mich sehr gefreut, mit Knut
zusammenarbeiten zu können.
132 INDEX
Ein Teil dieser Arbeit wurde während eines sechsmonatigen Forschungsaufen-
thaltes in Lyon, Frankreich, durchgeführt. Dies geschah unter der sehr guten fach-
lichen Führung von Prof. Etienne Parizet.
Etienne, je te remercie beaucoup pour ton soutien et tes conseils, qui ont permis
que ma famille et moi passions un tres agréable séjour à Lyon. Merci beaucoup aussi
à tous les collègues de l’INSA de Lyon.
An die Teilnehmer an meinen etlichen Hörversuchen: ich war und bin mir bewusst,
was ihr durchgemacht habt. Dankeschön!
Ich möchte mich auch bei Stephanie Heikamp bedanken, die die Arbeit sprachlich
korrigiert hat; außerdem bei Cristián Molina und Nandhu Vijayakumar, die die Arbeit
inhaltlich kritisch durchgesehen haben.
Dem DAAD (Deutscher Akademischer Austauschdienst) danke ich für das
Stipendium, welches mir erlaubt hat in Deutschland zu promovieren, sowie dem
EDSVS (European Doctorate in Sound and Vibration Studies) für das Stipendium
für den Frankreichaufenthalt.
Meiner Frau Tatjana und meiner Tochter Laura möchte ich hier auch meinen
aufrichtigsten Dank zeigen: für die Liebe, Zeit und Freude die ihr mir geschenkt
habt.
Meiner Familie und den Freunden, die mich in dieser Zeit begleitet haben, danke
ich auch herzlich.
Zum Schluss geht mein größter Dank an Gott, für seinen Segen und für seine
Versprechen in Jesus Christus.
“Jesus spricht: Ich bin die Auferstehung und das Leben. Wer an mich
glaubt, der wird leben, auch wenn er stirbt; und wer da lebt und glaubt
an mich, der wird in Ewigkeit nicht sterben. Glaubst du das?” Johannes
11, 25-26
Curriculum Vitæ
08.02.1977 Born in Puerto Ordaz, Venezuela
Education
1983-1994 Primary and secondary school, Deutsche Schule Temuco, Chile
Studies
1995-2003 Electrical engineering at Pontificia Universidad Católica de Chile,
Santiago, Chile
2002 Pedagogic program in mathematic and physics at Pontificia Uni-
versidad Católica de Chile, Santiago, Chile
2002 Diploma: Teacher for Mathematic and Physics, Pontificia Univer-
sidad Católica de Chile, Santiago, Chile
2003 Diploma: Electrical Engineer, Pontificia Universidad Católica de
Chile, Santiago, Chile
2004-2009 Ph.D. studies at the Institue of Technical Acoustics (ITA), RWTH
Aachen University
Employments
2004-2009 Scientific employee at the Institute of Technical Acoustics (ITA),
RWTH Aachen University, Aachen, Germany
2007, jul.-dec. Scientific employee at the Vibrations and Acoustic Laboratory
(LVA), Institut National des Sciences Appliquées de Lyon (INSA
Lyon), Lyon, France
Bibliography
[Aur85a] W. Aures, Berechnungsverfahren fuer den sensorischen Wohlklang be-
liebiger Schallsignale, Acustica 59 (1985), 130–141.
[Aur85b] W. Aures, Der sensorische Wohlklang als Funktion psycoakustischer
Empfindungsgrossen, Acustica 58 (1985), 282–290.
[BB94] J. Blauert and M. Bodden, Gütebeurteilung von Geräuschen - warum ein
Problem?, 1994.
[Bed99] M. Bednarzyk, Qualitätsbeurteilung der Geräusche industrieller Pro-
dukte: Der Stand der Forschung, abgehandelt am Beispiel der KFZIn-
nenraumgeräusche., Ph.D. thesis, Ruhr-Universität Bochum, 1999.
[Ben05] D. Benson, Mathematics and Music, Benson, Dave, 2005.
[Ber00] E.H. Berger, The Noise Manual, vol. 112, AHIA, Indianapolis, November
2000.
[BLS99] B. Berglund, T. Lindvall and D.H. Schwela, Guidelines for community
noise, Tech. report, World Health Organization, 1999.
[Bor99] J. Bortz, Statistik: Für Sozialwissenschaftler, Springer Berlin, 1999.
[BP04] J. Brocard and E. Parizet, Perception of sounds emitted by vacuum Clean-
ers, Fortschritte der Akustik - CFA/DAGA 2004, 2004.
[BV92] L. L. Beranek and I. L. Vér, Noise and Vibration Control Engineering:
Principles and Applications, 2 ed., Wiley-Interscience, August 1992.
[De 08] R.W. De Doncker, Lecture Notes of Electrical Drives, Lecture Notes, 2008.
[Deu99] D. Deutsch, The Psychology of Music, 2nd editio ed., Academic Press,
1999.
[DIN05] DIN, DIN45681 Akustik - Bestimmung der Tonhaltigkeit von Geräuschen
und Ermittlung eines Tonzuschlages für die Beurteilung von Geräuschim-
missionen, 2005.
BIBLIOGRAPHY 135
[DIN08] DIN, DIN 45631/A1. Berechnung des Lautstärkepegels und der Lautheit
aus dem Geräuschspektrum - Verfahren nach E. Zwicker - Änderung 1:
Berechnung der Lautheit zeitvarianter Geräusche., 2008.
[ECM03] ECMA, Standard ECMA-74 Measurement of Airborne Noise Emitted by
Information Technology and Telecommunications Equipment, Tech. re-
port, ECMA, 2003.
[FD06] J. Fiedler and R.W. De Doncker, Simplified calculation of radial force
spectrum in SRM for acoustic noise prediction in preliminary machine
design, IET Conference Publications 2006 (2006), no. CP514, 652–656.
[Fec60] G. Fechner, Elemente der Psychophysik, 1860.
[Fie07] J. Fiedler, Design of low noise switched reluctance drives, Ph.D. thesis,
RWTH Aachen University, 2007.
[FKD05] J. Fiedler, K. Kasper and R.W. De Doncker, Acoustic Noise in Switched
Reluctance Drives: An Aerodynamic Problem?, Proceedings of IEEE In-
ternational Electric Machines and Drives Conference 2005 (IEMDC05),
San Antonio, TX, USA, 2005.
[FKD06] J. Fiedler, K. Kasper and R.W. De Doncker, Spectral Composition of Sta-
tor Vibrations Resulting from Modal Superposition in SRM, 3RD IET In-
ternational Conference on Power Electronics, Machines and Drives PEMD
2006, Dublin, Ireland, April 2006 (Dublin, Ireland), April 2006.
[FVK+05] S. Fingerhuth, M. Vorländer, M. Klemenz, K. Kasper, J. Fiedler and
R.W. De Doncker, Bewertung der Geräuschqualität von Geschalteten Re-
luktanzmaschinen durch psychoakustische Größen, Proc. Fortschritte der
Akustik DAGA 05, 2005.
[Ges88] G.A. Gescheider, Psychophysical Scaling, Annual Review of Psychology
39 (1988), 169–200.
[Ges97] G.A. Gescheider, Psychophysics: The Fundamentals, 3rd editio ed.,
Lawrence Erlbaum Associates Inc,US, 1997.
[GMD78] R.H. Gracely, P. McGrath and R. Dubner, Ratio scales of sensory and
affective verbal pain descriptors, Pain 5 (1978), 5–18.
[GPN06] E. Geissner, E. Parizet and V. Nosulenko, PERCEPTION OF DELIV-
ERY TRUCK NOISE, Proceedings of EURONOISE 2006, 2006.
[Gra03] M. Grassi, Two researches in ecological psychoacoustics, Ph.D. thesis,
Universitï¿½ di Padova, 2003.
136 BIBLIOGRAPHY
[Gus97] R. Guski, Psychological Methods for Evaluating Sound Quality and As-
sessing Acoustic Information, ACUSTICA / acta acustica 83 (5) (1997),
765–774.
[Har91] C.M. Harris, Handbook of Acoustical Measurements and Noise Control,
ch. 34, pp. 34.1–34.12, McGraw-Hill, 1991.
[HE04] J. Hellbrück and W. Ellermeier, Hören, Hogrefe-Verlag, 2004.
[HEA] HEAD acoustics GmbH, ArtemiS Software, Internet site.
[Hel85] O. Heller, Hörfeldaudiometrie mit dem Verfahren der Kategorienun-
terteilung (KU), Psychologische Beiträge 27 (1985), 478–493.
[Hur91] D. Huron, Book Reviews: Harmony: A Psychoacoustical Approach by
Richard Parncutt, Psychology of Music 19 (1991), no. 2, 173–177.
[ISO75] ISO, ISO 532: 1975: Acoustics. Method for calculating loudness level.,
1975.
[JA83] B. Jeffrey and J.B. Angell, An Efficient Algorithm for Measuring the Im-
pulse Response Using Pseudorandom Noise, J. Audio Eng. Soc. 31 (1983),
478–488.
[Jan07] G. Jansen, Untersuchung zur Konsonanz von technischen Geräuschen,
Diplomarbeit, RWTH Aachen, 2007.
[KFSD06] K. Kasper, J. Fiedler, D. Schmitz and R.W. De Doncker, Noise Reduc-
tion Control Strategies for Switched Reluctance Drives, Vehicle Power and
Propulsion Conference, 2006. VPPC ’06. IEEE (2006), 1–6.
[KK69a] A. Kameoka and M. Kuriyagawa, Consonance Theory Part I: Consonance
of Dyads, The Journal of the Acoustical Society of America 45 (1969),
no. 6, 1451–1459.
[KK69b] A. Kameoka and M. Kuriyagawa, Consonance Theory Part II: Conso-
nance of Complex Tones and Its Calculation Method, The Journal of the
Acoustical Society of America 45 (1969), no. 6, 1460–1469.
[Kle05] M. Klemenz, Die Geräuschqualität bei der Anfahrt elektrischer Schienen-
fahrzeuge, Logos Verlag Berlin, 2005.
[KW99] K. Knothe and H. Wessels, Finite Elemente : eine Einf{ü}hrung f{ü}r
Ingenieure, 3., {ü}ber ed., Springer, Berlin [u.a.], 1999.
[Lyo03] R.H. Lyon, Product Sound Quality - from Perception to Design, Sound
and Vibration March (2003), 18–22.
BIBLIOGRAPHY 137
[Mas06] K. Mashinter, Calculating Sensory Dissonance: Some Discrepancies Aris-
ing from the Models of Kameoka & Kuriyagawa, and Hutchinson &
Knopoff, Empirical Musicology Review 1 (2006), 65–84.
[MM01] S. Müller and P. Massarani, Transfer-Function Measurement with Sweeps,
J. Audio Eng. Soc. 49 (2001), 443–471.
[Moo03] B.C. J. Moore, An Introduction to the Psychology of Hearing, 5 ed., Aca-
demic Press, Amsterdam, Boston, 2003.
[NB91] M.A. Nobile and G.R. Bienvenue, A Procedure for Determining the
Prominence Ratio of Discrete Tones in Noise Emissions, Proc. NOISE-
CON, 1991, pp. 475–480.
[PHSK03] E. Parizet, N. Hamzaoui, L. Ségaud and J. Koch, Continuous Evaluation
of Noise Uncomfort in a Bus, Acta Acustica united with Acustica 89
(2003), no. 5, 8.
[PL65] R. Plomp and W. J.M. Levelt, Tonal Consonance and Critical Bandwidth,
The Journal of the Acoustical Society of America 38 (1965), no. 4, 548–
560.
[Plo02] R. Plomp, The Intelligent Ear: On the Nature of Sound Perception, Psy-
chology Press, 2002.
[Ras02] P.O. Rasmussen, Design and Advanced Control of Switched Reluctance
Motors, Ph.D. thesis, Aalborg University, 2002.
[Sal06] D. Salz, Terzspektrenbasierte Bewertung der Tonhaltigkeit von Schienen-
fahrzeuggeräuschen, Ph.D. thesis, Technische Universität Berlin, 2006.
[Sap01] M. Sapp, Untersuchungen zur Synthese natürlich erscheinender Klänge,
Ph.D. thesis, RWTH Aachen, 2001.
[Sch07] R. Scharrer, Psychoakustisch optimierte Steuerstrategien bei Geschal-
teten Reluktanzmaschinen, Diplomarbeit, Institute of Technical Acoustics,
RWTH Aachen University, 2007.
[Six82] F. Sixtl, Meßmethoden der Psychologie., Julius Beltz, 1982.
[Sot93] R. Sottek, Modelle zur Signalverarbeitung im menschlichen Gehör, Ph.D.
thesis, RWTH Aachen, 1993.
[Ste62] S. S. Stevens, The surprising simplicity of sensory metrics, American Psy-
chologist 17 (1962), 29–39.
138 BIBLIOGRAPHY
[Ste00] S. S. Stevens, Psychophysics: Introduction to its perceptual, neural, and
social prospects., 2nd ed., John Willey and Sons, 2000.
[SZW09] P. Scheibner, A. Zeitler and A. Wendemuth, Sound Quality Evaluation
of Power Seat Adjusters, Proceedings of the International Conference on
Acoustics NAG/DAGA 2009, 2009.
[Ter98] E. Terhardt, Akustische Kommunikation, Springer-Verlag, Berlin Heidel-
berg, 1998.
[TSS82] E. Terhardt, G. Stoll and M. Seewann, Algorithm for extraction of pitch
and pitch salience from complex tonal signals, The Journal of the Acous-
tical Society of America 71 (1982), no. 3, 679–688.
[vH68] H. von Helmholtz, Die Lehre von den Tonempfindungen als physiologische
Grundlage für die Theorie der Musik., Wissenschaftliche Buchgesellschaft,
1968.
[VVMS00] M. Vormann, J. L. Verhey, V. Mellert and A. Schick, Subjective rating of
tonal components in noise with an adaptive procedure, Contributions to
Psychological Acoustics. Results of the Eighth Oldenburg Symposium on
Psychological Acoustics (2000), 145–153.
[Wik08] F. Wikullil, Optimierung der Regelung eines Antriebsprüfstands mit
Wirbelstrombremse, 2008.
[WW82] R.G. White and J.G. Walker, Noise and Vibration, Ellis Horwood Lim-
ited, 1982.
[Zei02] A. Zeitler, Auditory Pleasantness. Methodological Considerations in the
Application of Psychophysical Scaling Methods for Sound Quality Evalu-
ation, Logos Verlag Berlin, 2002.
[ZF99] E. Zwicker and H. Fastl, Psychoacoustics, facts and models, Springer-
Verlag, Berlin Heidelberg, 1999.
Aachener Beiträge zur 
Technischen Akustik
λογος
Logos Verlag BerlinISBN 978-3-8325-2458-6
ISSN 1866-3052
In this work, the production and perception of noise from technical
equipment is presented. As a case study, the noise of switched reluctance
machines (SRM) was used. The principle of operation of SRM is presented
as well as the characterization of some noise problems of electrical machi-
nes.
The measurement results from the motor surface vibration and the directi-
vity of the radiated sound from the machine are discussed and some noise
optimized control strategy for a SRM are shown, with an example of what is
achievable and which are the limits of such strategy.
The concepts of tonalness and consonance are defined and some theories
behind them are described. The results of exhaustive psychoacoustic liste-
ning tests about the perceptual characteristics of the noise of a technical
source are presented, analyzed and discussed.
The main conclusions of the listening tests are:
One important component of the perceived annoyance of
technical sounds is the tonalness.
Different tonalness calculation algorithms are in agreement
with the results from the listening tests.
The consonance/dissonance of technical sounds depends on
several parameters, i.e. roughness and frequency ratio.
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